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(54) Voice coding and decoding system 

(57) A first CELP coding circuit (14) receiving a sig- 
nal obtained by down-sampling of an input signal by a 
down-sampling circuit (1), outputs a part of coded out- 
put to a second CEUP coding circuit. The second CELP 
coding circuit (15) encodes the input signal on the basis 
of the coded output of the first CELP coding circuit. A 
multiplexer (7) outputs the coded outputs of the first and 
second CELP coding circuits in a form of a bit stream/ A 
demultiplexer (18) outputs the coded output of the first 



CELP coding circuit from the bit stream to a first CELP 
decoding circuit (16) when a control signal is low bit 
rate, and extracts a part of the output of the first CELP 
coding circuit and the output of the second CELP coding 
circuit to output to a second CELP decoding circuit (17) 
to output via a switch circuit (1 9) when the control signal 
is high bit rate. 
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Description 

The present invention relates to a voice coding system and a decoding system based on hierarchical coding. 

5 Description of the Related Art 

Conventionally, a voice coding and decoding system based on hierarchical coding, in which a sampling frequency 
of a reproduction signal is variable depending upon a bit rate to be decoded, has been employed intending to make it 
possible to decode a voice signal with relatively high quality while band width is narrow, even when a part of packet 

10 drops out upon transmitting the voice signal on a packet communication network. For example, in Japanese Unexam- 
ined Patent Publication No. Heisei 8-263096 (hereinafter referred to as "publication 1 "), there has been proposed a cod- 
ing method and a decoding method for effecting hierarchical coding of an acoustic signal by band division. In this coding 
method, upon realization of hierarchical coding with N hierarchies, a signal consisted of a low band component of an 
input signal is coded in a first hierarchy, a differential signal derived by subtracting n-1 in number of signals coded and 

15 decoded up to the (n-1)th hierarchy from a signal consisted of a component of the input signal having wider band than 

the (n-1)th hierarchy, in the (n)th hierarchy ( n = 2, N-1) is coded. In the (N)th hierarchy, a differential signal derived 

by subtracting N-1 in number of signals coded and decoded up to the (N-I)th hierarchy from the input signal, is coded. 

Referring to Fig. 12, operation of the voice coding and decoding system employing a Code Excited Linear Predic- 
tive (CELP) coding method in coding each hierarchy, will be discussed. For simplification of disclosure, the discussion 

20 will be given for the case where number of hierarchies is two. Similar discussion will be given with respect to three or 
more hierarchies. In Fig. 12, there is illustrated a construction, in which a bit stream coded by a voice coding system 
can be decoded by two kinds of bit rates (hereinafter referred to as high bit rate and low bit rate) in a voice decoding 
system. It should be noted that Fig. 12 has been prepared by the inventors as a technology relevant to the present 
invention on the basis of the foregoing publication and publications identified later. 

25 Referring to Fig. 12, discussion will be given with respect to the voice coding system. A down-sampling circuit 1 

down-samples (e.g. converts a sampling frequency from 16 kHz to 8 kHz) an input signal to generate a first input signal 
and output to a first CELP coding circuit 2. Here, the operation of the down-sampling circuit 1 has been discussed in P. 
P. Vaidyanathan, "Multirate Systems and Filter Banks", Chapter 4.1.1 (Figure 4 • 1-7) (hereinafter referred to as publi- 
cation 2). Since reference can be made to the disclosure of the publication 2, discussion will be neglected. 

30 The first CELP coding circuit 2 performs a linear predictive analysis of the first input signal per every predetermined 
frames to derive a linear predictive coefficient expressing spectrum envelop characteristics of a voice signal and 
encodes an excitation signal of a corresponding linear predictive synthesizing filter and the derived linear predictive 
coefficient, respectively. Here, the excitation signal is consisted of a frequency component indicative of a pitch fre- 
quency, a remaining residual component and gains thereof. The frequency component indicative of the pitch frequency 

35 is expressed by an adaptive code vector stored in a code book storing past excitation signals, called as an adaptive 
code book. The foregoing residual component is expressed as a multipulse signal disclosed in J-R Adoul et al. "Fast 
CELP Coding Based on Algebraic Codes" (Proc. ICASSP, pp. 1957 - 1960, 1987) (hereinafter referred to as "publication 
3"). 

By weighted summing of the foregoing adaptive code vector and the multipulse signal with a gain stored in the gain 
40 code book, the excitation signal is generated. 

A reproduced signal can be synthesized by driving the foregoing linear predictive synthesizing filter by the foregoing 
excitation signal. Here, selection of the adaptive code vector, the multipulse signal and the gain is performed to make 
an error power minimum with audibility weighting of an error signal between the reproduced signal and the first input 
signal. Then, an index corresponding to the adaptive code vector, the multipulse signal, the gain and the linear predic- 
ts tive coefficient is output to a first CELP decoding circuit 3 and a multiplexer 7. 

In the first CELP decoding circuit 3, with taking the index corresponding to the adaptive code vector, the multipulse 
signal, the gain and the linear predictive coefficient as input, decoding is performed, respectively. By weighted summing 
of the adaptive code vector and the multipulse signal weighted by the gain, the excitation signal is derived. By driving 
the linear predictive synthesizing filter by the excitation signal, the reproduced signal is generated. Also, the reproduced 
so signal is output by an up-sampling circuit 4. 

The up-sampling circuit 4 generates a signal by up-sampling (e.g. converted the sampling frequency from 8 kHz to 
16 kHz) the reproduced signal to output to a differential circuit 5. Here, with respect to the up-sampling circuit 4, since 
reference can be made to Chapter 4.1.1 (Figure 4.1-8), discussion will be neglected. 

The differential circuit 5 generates a differential signal of the input signal and the up-sampled reproduction signal 
55 and outputs it to a second CELP coding circuit 6. 

The second CELP coding circuit 6 effects coding of the input differential signal similarly to the first CELP coding 
circuit 2. The index corresponding to the adaptive code vector, the multipulse signal, the gain and the linear predictive 
coefficient is output to the multiplexer 7. The multiplexer 7 outputs the four kinds of indexes input from the first CELP 
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coding circuit 2 and the four kinds of indexes input from the second CELP coding circuit 6 with converting into the bit 
stream. 

Next, discussion will be given hereinafter with respect to the voice decoding system. The voice decoding system 
switches operation by a demultiplexer 8 and a switch circuit 13 depending a control signal identifying two kinds of bit 
£ rates capable of decoding operation. 

The demultiplexer 8 inputs the bit stream and the control signal. When the control signal indicates the high bit rate, 
the four kinds of indexes coded in the first CELP coding circuit 2 and the four kinds of indexes coded by the second 
CELP coding circuit 6 are extracted to output to a first CELP decoding circuit 9 and a second CELP decoding circuit 10. 
respectively. On the other hand, when the control signal indicates low bit rate, the four kinds of indexes coded in the first 
w CELP coding circuit 2 is extracted to output only to the first CELP decoding circuit 9. 

The first CELP decoding circuit 9 decodes respective of the adaptive code vector, the multipulse signal, the gain 
and the linear predictive coefficient from the four kinds of indexes input, by the same operation as the first decoding cir- 
cuit 3 to generate the first reproduced signal to output to the switch circuit 13. 

In the up-sampling circuit 1 1, the first reproduced signal input via the switch circuit 13 up-samples similarly to the 
75 up-sampling circuit 4 to output the up-sampled first reproduced signal to the adder circuit 12. 

The second CELP decoding circuit 10 decodes respective of the adaptive code vector, the multipulse signal, the 
gain and the linear predictive coefficient from the input four kinds of indexes to generate the reproduced signal to output 
to the adder circuit 12. 

The adder circuit 12 adds the input reproduced signal and the first reproduced signal up-sampled by the up-sam- 
20 pling circuit 1 1 to output to the switch circuit 13 as a second reproduced signal. 

The switch circuit 1 3 inputs the first reproduced signal, the second reproduced signal and the control signal. When 
the control signal indicates high bit rate, the input first reproduced signal is output to the up-sampling circuit 1 1 to output 
the input second reproduced signal as the reproduced signal of the voice coding system. On the other hand, when the 
control signal indicates low bit rate, the input first reproduced signal is output as the reproduced signal of the voice cod- 
25 ing system. 

Next, referring to Fig. 13. discussion will be given with respect to the coding circuit on the basis of the CELP coding 
method used in the first CELP coding circuit 2 and the second CELP coding circuit 6, shown in Fig. 12. 

Referring to Fig. 13, a frame dividing circuit 101 divides the input signal input via an input terminal 100 per every 
frame to output to a sub-frame dividing circuit 102. The sub-frame dividing circuit 102 further divides the input signal in 
so the frame per every sub-frame to output to a linear predictive analyzing circuit 103 and a target signal generating circuit 
105. The linear predictive analyzing circuit 103 performs linear predictive analysis of the signal input via the sub-frame 

dividing circuit 1 03 per sub-frame to output linear predictive coefficient a(i), i = 1 Np, to a linear predictive coefficient 

quantizing circuit 104, a target signal generating circuit 105, an adaptive code book retrieving circuit 107 and a multi- 
pulse retrieving circuit 108. Here, Np is order of linear predictive analysis, e.g. "10". As linear predictive analyzing 
35 method, autocorrelation method, covariance method and so forth. Detail has been discussed in Furui, "Digital Voice 
Processing" (Tokai University Shuppan Kai), Chapter 5 (hereinafter referred to as "publication 4"). 

In the linear predictive coefficient quantization circuit 104, the linear predictive coefficients obtained per sub-frame, 
are aggregatingly quantized per the frame. In order to reduce the bit rate, quantization is performed at the final sub- 
frame in the frame. For obtaining the quantized value of other sub-frame, a method to use an interpolated value of the 
40 quantized values of the relevant frame and the immediately preceding frame is frequently used. The quantization and 
interpolation are performed after conversion of the linear predictive coefficient into linear spectrum pair (LSP). Here, 
conversion from the linear predictive coefficient into LSP has been disclosed in Sugamura, et al. "Voice Information 
Compression by Linear Spectrum Pair (LSP) Voice Analysis Synthesizing Method" (Paper of Institute of Electronics and 
Communication Engineers of Japan, J64-A, pp. 599 - 606, 1981 (hereinafter referred to as "publication 5")). As the 
45 quantization method of LSP, a known method can be used. A particular method has been disclosed in Japanese Unex- 
amined Patent Publication No. Heisei 4-171500 (Patent Application No. 2-297600) (hereinafter referred to as "publica- 
tion 6"), for example. The disclosure of the publication 6 is herein incorporated by reference. 

Also, the linear predictive coefficient quantization circuit 104 converts the quantized LSP into quantized linear pre- 
dictive coefficients a'(i), i = I Np and then output the quantized linear predictive coefficient to the target signal gen- 
fa erating circuit 105. the adaptive code book retrieving circuit 107 and the multipulse retrieving circuit 108 to output to an 
output the index indicative of the quantized linear predictive coefficient to an output terminal 1 13. 

The target signal generating circuit 105 generates an audibility weighted signal by driving an audibility weighted fil- 
ter Hw(z) as expressed by the following equation (1) with the input signal: 
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1 - V a(i)- R2 l - z* 1 



Hw(z) 



HP 



a(i)* Rl> z _i 

..... (1) 



wherein R1 and R2 are weighting coefficients controlling audibility weighting amount and, for example R1 = 0.6 
and R2 = 0.9 

Next, the linear predictive synthesizing filter (see next equation (2)) of the immediately preceding sub-frame held in 
75 the of the same circuit and an audibility weighted synthesizing filter Hsw(z) continuously connecting the audibility 
weighted filters Hw(z) are driven by the excitation signal of the immediately preceding sub-frame. Subsequently, a filter 
coefficient of the audibility weighted synthesizing filter is modified by a current sub-frame to drive the same filter by a 
zero input signal having all signal values being zero to derive a zero input response signal. 

20 



Hs(z) = ^ 



(2) 



Furthermore, by subtracting the zero input response signal from the audibility weighted signal, the target signals 
30 X(n), n = 0, .... N-1 are generated. Here, N is a sub-frame length. On the other hand, the target signal X(n) is output to 
the adaptive code book retrieving circuit 107, the multipulse retrieving circuit 108 and the gain retrieving circuit 109. 

In the adaptive code book retrieving circuit 107, by the excitation signal of the immediately preceding sub-frame 
obtained via a sub-frame buffer 106, the adaptive code book storing past excitation signals is updated. The adaptive 
code vector signals Adx(n), n = 0, .... N-1, corresponding to a pitch dx are signals sampled N samples going back for 
35 dx samples from the sample immediately preceding sub-frame of the current sub-frame. Here, when the pitch dx is 
shorter than the sub-frame length N, the sampled dx samples repeatedly connected up to the sub-frame length to gen- 
erate the adaptive code vector signal. 

Using the generated adaptive code vector signal Adx(n), n = 0 N-1, the audibility weighted synthesizing filter 

initialized per sub-frame (hereinafter referred to as audibility weighted synthesizing filter Zsw(z) in zero state) is driven 

40 to generate a reproduced signal SAdx(n), n = 0 N-1 . Then, a pitch d making an error E1 (dx) of the target signal X(n) 

and the reproduced signal SAdx(n) as expressed by the following equation(3) is selected from a predetermined retriev- 
ing range (e.g. dx = 17, 144). The adaptive code vector signal of the pitch d and the reproduced signal are set to be 
Ad(n) and SAd(n), respectively. 



n-i , ^ X(n)- SAdx(n)^ 



/N-1 

El(dx) = 'J* X(n) 2 - 



2 SAdx(n) 2 

(3) 



55 

On the other hand, the adaptive code book retrieving circuit 107 outputs the index of the selected pitch d to an out- 
put terminal 110 and the selected adaptive code vector signal Ad(n) to the gain retrieving circuit 109, and the repro- 
duced signal SAd(n) thereof to the gain retrieving circuit 109 and the multipulse retrieving circuit 108. 
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In the pulse retrieving circuit 108, P in number of non-zero pulses consisting the multipulse signal are retrieved. 
Here, positions of respective pulses are not limited to pulse position candidates. However, all of the pulse position can- 
didates become mutually different values. For example, when sub-frame length N = 40 and pulse number P = 5, the 
example of the pulse position candidate is shown in Fig. 15. 

On the other hand, an amplitude of the pulse is only polarity. Accordingly, coding of the multipulse signal may be 
performed with assuming total number of combinations of the pulse position candidates and polarities being J, by 
establishing the multipulse signal of Cjx(n), n = 0, .... N-1, with respect to the index jx indicative of the combinations, 
driving the audibility weighted synthesizing filter Zsw(z) in zero state by the multipulse signal, generating reproduced 

signals SCjx(n), n = 0 N-1 , and selecting the index j so that the error E2(jx) expressed by the following equation (4) 

to be minimum. This method has been disclosed in the foregoing publication 3 and Japanese Unexamined Patent Pub- 
lication No. Heisei 9-160596 (Patent Application No. 7-318071) (hereinafter referred to as "publication 7"). The disclo- 
sure is herein incorporated by reference. The multipulse signal corresponding to the selected index j and the 
reproduced signal thereof are assumed to be Cj(n) and SCj(n). 



E2(jx) = Jx-(n) 1 



(4) 

where X'(n). n=0. .... N-1 are signals derived by orthogonalizing the target signal X(n) with respect to the repro- 
duced signal SAd(n) of the adaptive code vector signal as expressed by the following equation (5). 

N - I 

2 X(n>* SAd(n) 

X' (n) = X(n) - SAd(n) 

2* SAd(n) 2 

n -o 

(5) 



On the other hand, the multipulse retrieving circuit 108 outputs the selected multipulse signal Cj(n) and the repro- 
duced signal SCj(n) thereof to the gain retrieving circuit 109 and corresponding index to the output terminal ill. 

In the gain retrieving circuit 109. the gains of the adaptive code vector signal and the multipulse signal are two- 
dimensional vector quantized. The gains of the adaptive code vector signal and the multipulse signal accumulated in 
the gain code book of the code book size K are respective assumed to be Gkx(0), Gkx(1), kx = 0, .... K-1 . The index k 
of the optimal gain is selected to make the error E3(kx) as expressed by the following equation (6) to be minimum using 
the reproduced signal SAd(n) of the adaptive code vector, the reproduced signal SCj(n) of the multipulse and the target 
signal X(n). The gains of the adaptive code vector signal and the multipulse signal of the selected index k are respec- 
tively assumed to be Gk(0) and Gk(1). 

N - 1 

E3(kx) = 2 (X(n) - Gkx(0)- SAd(n) - Gkx(l)- SC j(n) ) 2 

n-0 

(6) 



n the other hand, the excitation signal is generated using the selected gain, the adaptive code vector and the mul- 
tipulse signal and output to a sub-frame butter 106. Also, the index corresponding to the gain is output to the output ter- 
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minaM12. 

Next, referring to Fig. 1 4, a construction of the decoding circuit based on the CELP coding system, employed in the 
first CELP decoding circuit 3 on the coding side and also employed in the first CELP decoding circuit 9 and the second 
CELP decoding circuit on the decoding side, will be discussed. 

s In the linear predictive coefficient decoding circuit 1 18, the quantized linear predictive coefficients a'(Q. i = 1 Np 

decoded from the input index via the input terminal 1 14 to output to the reproduced signal generating circuit 122. 

In the adaptive code book decoding circuit 119, the adaptive code vector signal Ad(n) decoded from the index of 
the foregoing pitch via the input terminal is output to the gain decoding circuit 121 , and in the multipufse decoding circuit 
120, the multipulse signal Cj(n) decoded from the index of the multipulse signal input via the input terminal 1 17 is also 
10 output to the gain decoding circuit 121. 

In the gain decoding circuit 121 , the gains Gk(0) and Gk(l) are decoded from the index of the gains input via the 
input terminal 1 1 5 to generate the excitation signal using the adaptive code vector signal, the multipulse signal and the 
gain to output to the reproduced signal generating circuit 122. 

In the reproduced signal generating circuit 122, the reproduced signal is generated by driving the linear predictive 
is synthesizing filter Hs(z) by the excitation signal to output to an output terminal 123. 

However, the voice coding and decoding system discussed with reference to Figs. 12 to 14 encounters a problem 
in insufficiency of coding efficiency in hierarchical CELP coding of the voice signal in second and subsequent hierar- 
chies. 

The reason is that, in the (n)th hierarchy (n = 2 N), the differential signal derived by subtracting n-1 in number 

20 of reproduced signal CELP coded and decoded up to the (n-1 )th hierarchy from the input signal, is CELP coded. 

Namely, in the (n)th hierarchy, respective coding parameters (linear predictive coefficient, pitch, multipulse signal 
and gain) upon CELP coding of the differential signal are different from the quantization error value of the corresponding 
parameter up to the (n-1 )th hierarchy. Therefore, information expressed by the coder of each parameter of (n-1 )th hier- 
archy and information expressed by the coder of the (n)th hierarchy overlap not to improve coding efficiency of respec- 
25 tive coding parameter and thus not to improve quality of the reproduced signal. 

Accordingly, the present invention has been worked out in view of the shortcoming set forth above. Therefore, it is 
an object of the present invention to provide a voice coding system and a voice decoding system, which can achieve 
high efficiency in a voice coding and decoding system on the basis of a hierarchical coding, in which a sampling fre- 
quency of a reproduced signal is variable depending upon a bit rate for decoding. 
30 According to the first aspect of the present invention, a voice coding system hierarchically coding a voice signal by 
generating N-1 signals with varying sampling frequencies of the input voice signal and multiplexing indexes indicative 
of a linear predictive coefficient, a pitch, a multipulse signal and a gain obtained by sequentially coding from the input 
voice signal and the signals obtained by the varying sampling frequencies in sequential order to the signal obtained by 
lower sampling frequency, per every N hierarchies, comprises: 

35 

coding means of each hierarchy including an adaptive code book retrieving circuit generating a corresponding 
adaptive code book signal by coding a differential pitch with respect to pitches coded and decoded up to (n-1)th 
hierarchy in (n)th hierarchy (n = 2 N). 

40 According to the second aspect of the present invention, a voice decoding system hierarchically varying sampling 
frequencies of a reproduced signal depending upon bit rates to be decoded, comprises: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=1 N) among the decoding means depending 

45 upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th hier- 

archy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from a bit stream; 
and 

an adaptive code book decoding circuit decoding a pitch from an index indicative of the pitch up to (n)th hierarchy 
and generating an adaptive code vector signal in the decoding means of (n)th hierarchy (n = 2 N). 

50 

According to the third aspect of the present invention, a voice coding system hierarchically coding a voice signal by 
generating N-1 signals with varying sampling frequencies of the input voice signal and multiplexing indexes indicative 
of a linear predictive coefficient, a pitch, a multipulse signal and a gain obtained by sequentially coding from the input 
voice signal and the signals obtained by the varying sampling frequencies in sequential order to the signal obtained by 
55 lower sampling frequency, per every N hierarchies, comprises: 

coding means of each hierarchy including an adaptive code book retrieving circuit generating a corresponding 
adaptive code book signal by coding a differential pitch with respect to pitches coded and decoded up to (n-1)th 
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hierarchy in (n)th hierarchy (n = 2, .... N); 

a multipulse generating circuit generating a first multipulse signal from n-1 multipulse signals coded and decoded 
up to (n-1)th hierarchy; 

a multipulse retrieving circuit coding a pulse position of the second multipulse signal in (n)th hierarchy among pulse 
s position candidates excluding positions of pulses forming the first multipulse signals; and a gain retrieving circuit 

coding gains of the adaptive code vector signal, the first multipulse signal, the second multipulse signal. 

According to the fourth aspect of the present invention, a voice decoding system hierarchically varying sampling 
frequencies of a reproduced signal depending upon bit rates to be decoded, comprises: 

w 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n-1 N) among the decoding means depending 

upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th hier- 
archy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from a bit stream; 
15 and 

an adaptive code book decoding circuit decoding a pitch from an index indicative of the pitch up to (n)th hierarchy 

and generating an adaptive code vector signal in the decoding means of (n)th hierarchy (n = 2 N); 

a multipulse generating circuit generating a first multipulse signal from multipulse signals up to (n-1)th hierarchies 
and gains; 

20 a multipulse decoding circuit decoding a second multipulse signal from an index indicative of the multipulse signal 

of the (n)th hierarchy on the basis of pulse position candidates excluding positions of pulses forming the first multi- 
pulse signal; and 

a gain decoding circuit decoding the gain from the index indicative of the gain of the (n)th hierarchy and generating 
an excitation signal from the adaptive code vector signal, the first multipulse signal, the second multipulse signal 
25 and the decoded gain. 

According to the fifth aspect of the present invention, a voice coding system hierarchically coding a voice signal by 
generating N-1 signals with varying sampling frequencies of the input voice signal and multiplexing indexes indicative 
of a linear predictive coefficient, a pitch, a multipulse signal and a gain obtained by sequentially coding from the input 
so voice signal and the signals obtained by the varying sampling frequencies in sequential order to the signal obtained by 
lower sampling frequency, per every N hierarchies, comprising: 

coding means of each hierarchy including an adaptive code book retrieving circuit generating a corresponding 
adaptive code book signal by coding a differential pitch with respect to pitches coded and decoded up to (n-1)th 

35 hierarchy in (n)th hierarchy (n = 2 N) and having n-stage audibility weighted filters; 

a multipulse generating circuit generating a first multipulse signal from n-1 multipulse signals coded and decoded 
up to (n-1)th hierarchy; 

a multipulse retrieving circuit coding a pulse position of the second multipulse signal in (n)th hierarchy among pulse 
position candidates excluding positions of pulses forming the first multipulse signals; and 
40 a gain retrieving circuit coding gains of the adaptive code vector signal, the first multipulse signal, the second mul- 
tipulse signal; 

a linear predictive coefficient converting circuit converting linear predictive coefficients coded and decoded up to 
the (n-1)th hierarchy into a coefficient on a sampling frequency of the input signal in the (n)th hierarchy; 
a linear predictive residual difference signal generating circuit deriving a linear predictive residual difference signal 
45 of the input signal from the converted n-1 linear predictive coefficients; 

a linear predictive analyzing circuit deriving a linear predictive coefficient by linear predictive analysis of derived lin- 
ear predictive residual difference signal; 

a linear predictive coefficient quantizing circuit quantizing newly derived linear predictive coefficient; and 
a target signal generating circuit having n-stage audibility weighted filters. 

so 

According to the sixth aspect of the present invention, a voice decoding system hierarchically varying sampling fre- 
quencies of a reproduced signal depending upon bit rates to be decoded, comprises: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 
55 demultiplexer selecting of decoding means of (n)th hierarchy (n=1, .... N) among the decoding means depending 
upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th hier- 
archy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from a bit stream; 
and 
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an adaptive code book decoding circuit decoding a pitch from an index indicative of the pitch up to (n)th hierarchy 
and generating an adaptive code vector signal. 

a multipulse generating circuit generating a first multipulse signal from multipulse signals up to (n-l)th hierarchies 
and gains; 

a multipulse decoding circuit decoding a second multipulse signal from an index indicative of the multipulse signal 
of the (n)th hierarchy on the basis of pulse position candidates excluding positions of pulses forming the first multi- 
pulse signal; 

a gain decoding circuit decoding the gain from the index indicative of the gain of the (n)th hierarchy and generating 
an excitation signal from the adaptive code vector signal, the first multipulse signal, the second multipulse signal 
and the decoded gain; 

a linear predictive coefficient converting circuit converting linear predictive coefficients derived up to the (n-1)th 
hierarchy into a coefficient on the sampling frequency of the input signal in the (n)th hierarchy; and 
a reproduced signal generating circuit for generating a reproduced signal by driving n-stage linear predictive syn- 
thesizing filters by the excitation signal. 

According to the seventh aspect of the present invention, a voice coding system hierarchically coding a voice signal 
by generating N-1 signals with varying sampling frequencies of the input voice signal and multiplexing indexes indicative 
of a linear predictive coefficient, a pitch, a multipulse signal and a gain obtained by sequentially coding from the input 
voice signal and the signals obtained by the varying sampling frequencies in sequential order to the signal obtained by 
lower sampling frequency, per every N hierarchies, comprises: 

a linear predictive coefficient converting circuit converting linear predictive coefficients coded and decoded up to 
the (n-1)th hierarchy into a coefficient on a sampling frequency of the input signal in the (n)th hierarchy, in coding 
means of the (n)th hierarchy (n = 2, .... N); 

a linear predictive residual difference signal generating circuit deriving a linear predictive residual difference signal 
of the input signal from the converted n-1 linear predictive coefficients; 

a linear predictive analyzing circuit deriving a linear predictive coefficient by linear predictive analysis of derived lin- 
ear predictive residual difference signal; 

a linear predictive coefficient quantizing circuit quantizing newly derived linear predictive coefficient; and 

a target signal generating circuit having n-stage audibility weighted filters; 

an adaptive code book retrieving circuit having n-stage audibility weighted reproduction filters; 

a multipulse generating circuit; 

a multipulse retrieving circuit; and 

a target signal generating circuit having n-stage audibility weighted filters. 

According to an eighth aspect of the present invention, a voice decoding system hierarchically varying sampling fre- 
quencies of a reproduced signal depending upon bit rates to be decoded, comprises: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=i N) among the decoding means depending 

upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th hier- 
archy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from a bit stream; 
a linear predictive coefficient converting circuit converting linear predictive coefficients derived up to the (n-1)th 
hierarchy into a coefficient on a sampling frequency of the input signal in the (n)th hierarchy; and 
a reproduced signal generating circuit generating a reproduced signal by driving n-stage linear predictive synthe- 
sizing filters by the excitation signal. 

According to the ninth aspect of the present invention, a voice coding system hierarchically coding a voice signal 
by generating N-1 signals with varying sampling frequencies of the input voice signal and multiplexing indexes indicative 
of a linear predictive coefficient, a pitch, a multipulse signal and a gain obtained by sequentially coding from the input 
voice signal and the signals obtained by the varying sampling frequencies in sequential order to the signal obtained by 
lower sampling frequency per every N hierarchies, comprises: 

a multipulse generating circuit generating a first multipulse signal from n-1 multipulse signals coded and decoded up to 
the (n-l)th hierarchy in the (n)th hierarchy (n = 2 N) of coding means: and 

a multipulse retrieving circuit coding a pulse position of a second multipulse signal in the (n)th hierarchy among 
pulse position candidates excluding positions of pulses forming the first multipulse signal. 
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According to the tenth aspect of the present invention, a voice decoding system hierarchically varying sampling fre- 
quencies of a reproduced signal depending upon bit rates to be decoded, comprises: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=l N) among the decoding means depending 

upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th hier- 
archy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from a bit stream; 
a multipulse generating circuit generating a first multipulse signal from the index indicative of up to the n-1 multi- 
pulse signals; and 

a multipulse decoding circuit decoding a second multipulse signal from the index indicative of the (n)th hierarchy of 
multipulse signal on the basis of pulse position candidates excluding the positions of the pulses forming the first 
multipulse signal. 

According to the eleventh aspect of the present invention, a voice coding system hierarchically coding a voice sig- 
nal by generating N-1 signals with varying sampling frequencies of the input voice signal and multiplexing indexes indic- 
ative of a linear predictive coefficient, a pitch, a multipulse signal and a gain obtained by sequentially coding from the 
input voice signal and the signals obtained by the varying sampling frequencies in sequential order to the signal 
obtained by lower sampling frequency, per every N hierarchies, comprises: 

coding means of each hierarchy including an adaptive code book retrieving circuit generating a corresponding 
adaptive code book signal by coding a differential pitch with respect to pitches coded and decoded up to (n-1)th 
hierarchy in (n)th hierarchy (n = 2, .... N); 

a multipulse generating circuit generating a first multipulse signal from n-1 multipulse signals coded and decoded 
up to (n-1 )th hierarchy; 

a multipulse retrieving circuit coding a pulse position of the second multipulse signal in (n)th hierarchy among pulse 
position candidates excluding positions of pulses forming the first multipulse signals; 

a gain retrieving circuit coding gains of the adaptive code vector signal, the first multipulse signal, the second mul- 
tipulse signal; and 

a linear predictive quantizing circuit coding a difference between linear predictive coefficient coded and decoded up 
to (n-1)th hierarchy and linear predictive coefficient newly obtained by analysis at the (n)th hierarchy. 

According to the twelfth aspect of the present invention, a voice decoding system hierarchically varying sampling 
frequencies of a reproduced signal depending upon bit rates to be decoded, comprises: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=1 N) among the decoding means depending 

upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th hier- 
archy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from a bit stream; 
and 

an adaptive code book decoding circuit decoding a pitch from an index indicative of the pitch of (n)th hierarchy and 
generating an adaptive code vector signal; 

a multipulse generating circuit generating a first multipulse signal from the index indicative of multipulse signals up 
to (n-1)th hierarchies and gains; 

a multipulse decoding circuit decoding a second multipulse signal from an index indicative of the multipulse signal 
of the (n)th hierarchy on the basis of pulse position candidates excluding positions of pulses forming the first multi- 
pulse signal; 

a gain decoding circuit decoding the gain from the index indicative of the gain of the (n)th hierarchy and generating 
an excitation signal from the adaptive code vector signal, the first multipulse signal, the second multipulse signal 
and the decoded gain; and 

a linear predictive coefficient decoding circuit decoding a linear predictive coefficient from an index indicative of lin- 
ear predictive coefficients up to the (n)th hierarchy. 

According to the thirteenth aspect of the present invention, a voice coding system hierarchically coding a voice sig- 
nal by generating N-1 signals with varying sampling frequencies of the input voice signal and multiplexing indexes indic- 
ative of a linear predictive coefficient, a pitch, a multipulse signal and a gain obtained by sequentially coding from the 
input voice signal and the signals obtained by the varying sampling frequencies in sequential order to the signal 
obtained by lower sampling frequency, per every N hierarchies, comprises: 
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a linear predictive quantization circuit for coding a difference between linear predictive coefficient coded and 
decoded up to (n-1)th hierarchy and a linear predictive coefficient newly obtained by analysis in coding of the (n)th 
hierarchy, in the (n)th hierarchy (n = 2 N). 

According to the fourteenth aspect of the present invention, a voice decoding system hierarchically varying sam- 
pling frequencies of a reproduced signal depending upon bit rates to be decoded, comprises: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=l N) among the decoding means depending 

upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th hier- 
archy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from a bit stream; 
and 

a linear predictive coefficient decoding circuit decoding linear predictive coefficient from index indicative of linear 
predictive coefficient up to the (n)th hierarchy. 

According to the fifteenth aspect of the present invention, a voice coding and decoding system comprises: 

a voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling frequen- 
cies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, a multi- 
pulse signal and a gain obtained by sequentially coding from the input voice signal and the signals obtained by 
varying sampling frequencies in sequential order to the signal obtained by lower sampling frequency, per every N 
hierarchies for generating a bit stream, the voice coding system including coding means of each hierarchy including 
an adaptive code book retrieving circuit generating a corresponding adaptive code book signal by coding a differ- 
ential pitch with respect to pitches coded and decoded up to (n-1)th hierarchy in (n)th hierarchy (n = 2 N); and 

a voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon bit 
rates to be decoded, including decoding means, each corresponding to each of N kinds of decodable bit rates, 

demultiplexer selecting of decoding means of (n)th hierarchy (n=l N) among the decoding means depending 

upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th hier- 
archy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from the bit stream 
generated by the voice coding system, and an adaptive code book decoding circuit decoding a pitch from an index 
indicative of the pitch up to (n)th hierarchy and generating an adaptive code vector signal in the decoding means of 
(n)th hierarchy (n = 2, .... N). 

According to the sixteenth aspect of the present invention, a voice coding and decoding system comprises: 

a voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling frequen- 
cies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient a pitch, a multi- 
pulse signal and a gain obtained by sequentially coding from the input voice signal and the signals obtained by 
varying sampling frequencies in sequential order to the signal obtained by lower sampling frequency, per every N 
hierarchies for generating a bit stream, including: 

coding means of each hierarchy including an adaptive code book retrieving circuit generating a corresponding 
adaptive code book signal by coding a differential pitch with respect to pitches coded and decoded up to (n-1)th 
hierarchy in (n)th hierarchy (n = 2 N); 

a multipulse generating circuit generating a first multipulse signal from n-1 multipulse signals coded and decoded 
up to (n-1 )th hierarchy; a multipulse retrieving circuit coding a pulse position of the second multipulse signal in (n)th 
hierarchy among pulse position candidates excluding positions of pulses forming the first multipulse signals; a gain 
retrieving circuit coding gains of the adaptive code vector signal, the first multipulse signal, the second multipulse 
signal; and. 

a voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon bit 
rates to be decoded, including 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=1, .... N) among the decoding means depending 
upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th hier- 
archy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from the bit stream 
output by the voice coding system; an adaptive code book decoding circuit decoding a pitch from an index indica- 
tive of the pitch up to (n)th hierarchy and generating an adaptive code vector signal in the decoding means of (n)th 
hierarchy (n = 2 N); 

a multipulse generating circuit generating a first multipulse signal from multipulse signals up to (n-1)th hierarchies 
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and gains; 

a multipulse decoding circuit decoding a second multipulse signal from an index indicative of the multipulse signal 
of the (n)th hierarchy on the basis of pulse position candidates excluding positions of pulses forming the first multi- 
pulse signal; and 

a gain decoding circuit decoding the gain from the index indicative of the gain of the (n)th hierarchy and generating 
an excitation signal from the adaptive code vector signal, the first multipulse signal, the second multipulse signal 
and the decoded gain. 

According to the seventeenth aspect of the present invention, a voice coding and decoding system comprising: 

a voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling frequen- 
cies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, a multi- 
pulse signal and a gain obtained by sequentially coding from the input voice signal for generating a bit stream and 
the signals obtained by the varying sampling frequencies in sequential order to the signal obtained by lower sam- 
pling frequency, per every N hierarchies for generating a bit stream, including; 

coding means of each hierarchy including an adaptive code book retrieving circuit generating a corresponding 
adaptive code book signal by coding a differential pitch with respect to pitches coded and decoded up to (n-1)th 
. hierarchy in (n)th hierarchy (n = 2 N) and having n-stage audibility weighted filters; 

a multipulse generating circuit generating a first multipulse signal from n-1 multipulse signals coded and decoded 
up to (n- 1 )th hierarchy; 

a multipulse retrieving circuit coding a pulse position of the second multipulse signal in (n)th hierarchy among pulse 

position candidates excluding positions of pulses forming the first multipulse signals; and a gain retrieving circuit 

coding gains of the adaptive code vector signal, the first multipulse signal, the second multipulse signal; 

a linear predictive coefficient converting circuit converting linear predictive coefficients coded and decoded up to 

the (n-1)th hierarchy into a coefficient on a sampling frequency of the input signal in the (n)th hierarchy; 

a linear predictive residual difference signal generating circuit deriving a linear predictive residual difference signal 

of the input signal from the converted n-1 linear predictive coefficients; 

a linear predictive analyzing circuit deriving a linear predictive coefficient by linear predictive analysis of derived lin- 
ear predictive residual difference signal; 

a linear predictive coefficient quantizing circuit quantizing newly derived linear predictive coefficient; and 
a target signal generating circuit having n-stage audibility weighted filters; and 

a voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon bit 
rates to be decoded, including: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=1 , .... N) among the decoding means depending 
upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th hier- 
archy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from a bit stream; 
and 

an adaptive code book decoding circuit decoding a pitch from an index indicative of the pitch up to (n)th hierarchy 
and generating an adaptive code vector signal. 

a multipulse generating circuit generating a first multipulse signal from multipulse signals up to (n-l)th hierarchies 
and gains; 

a multipulse decoding circuit decoding a second multipulse signal from an index indicative of the multipulse signal 
of the (n)th hierarchy on the basis of pulse position candidates excluding positions of pulses forming the first multi- 
pulse signal; 

a gain decoding circuit decoding the gain from the index indicative of the gain of the (n)th hierarchy and generating 
an excitation signal from the adaptive code vector signal, the first multipulse signal, the second multipulse signal 
and the decoded gain; 

a linear predictive coefficient converting circuit converting linear predictive coefficients derived up to the (n-1)th 
hierarchy into a coefficient on the sampling frequency of the input signal in the (n)th hierarchy; and 
a reproduced signal generating circuit for generating a reproduced signal by driving n-stage linear predictive syn- 
thesizing filters by the excitation signal. 

According to an eighteenth aspect of the present invention, a voice coding and decoding system comprises: 

a voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling frequen- 
cies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, a multi- 
pulse signal and a gain obtained by sequentially coding from the input voice signal and the signals obtained by the 



EP 0 890 943 A2 



varying sampling frequencies in sequential order to the signal obtained by lower sampling frequency, per every N 
hierarchies for generating a bit stream, including: 

a linear predictive coefficient converting circuit converting linear predictive coefficients coded and decoded up to 
the (n-1)th hierarchy into a coefficient on a sampling frequency of the input signal in the (n)th hierarchy, in coding 
means of the (n)th hierarchy (n = 2. .... N); 

a linear predictive residual difference signal generating circuit deriving a linear predictive residual difference signal 
of the input signal from the converted n-1 linear predictive coefficients; 

a linear predictive analyzing circuit deriving a linear predictive coefficient by linear predictive analysis of derived lin- 
ear predictive residual difference signal; 

a linear predictive coefficient quantizing circuit quantizing newly derived linear predictive coefficient; and 
an adaptive code book retrieving circuit having n-stage audibility weighted reproduction filter; 
a multipulse generating circuit; 
a multipulse retrieving circuit; and 

a target signal generating circuit having n-stage audibility weighted filters; and 

a voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon bit 
rates to be decoded, including: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=1 N) -among the decoding means depending 

upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th hier- 
archy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from the bit stream 
generated by the voice coding system; 

a linear predictive coefficient converting circuit converting linear predictive coefficients derived up to the (n-1)th 
hierarchy into a coefficient on a sampling frequency of the input signal in the (n)th hierarchy; and 
a reproduced signal generating circuit generating a reproduced signal by driving n-stage linear predictive synthe- 
sizing filters by the excitation signal. 

According to the nineteenth aspect of the present invention, a voice coding and decoding system comprises: 

a voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling frequen- 
cies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, a multi- 
pulse signal and a gain obtained by sequentially coding from the input voice signal and the signals obtained by the 
varying sampling frequencies in sequential order to the signal obtained by lower sampling frequency, per every N 
hierarchies for generating a bit stream, including: 

a multipulse generating circuit generating a first multipulse signal from n-i multipulse signals coded and decoded 
up to the (n-1)th hierarchy in the (n)th hierarchy (n = 2 N) of coding means; and 

a multipulse retrieving circuit coding a pulse position of a second multipulse signal in the (n)th hierarchy among 
pulse position candidates excluding positions of pulses forming the first multipulse signal; and 
a voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon bit 
rates to be decoded, including: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=1 N) among the decoding means depending 

upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th hier- 
archy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from the bit stream 
generated by the voice coding system; 

a multipulse generating circuit generating a first multipulse signal from the index indicative of up to the n-1 multi- 
pulse signals; and 

a multipulse decoding circuit decoding a second multipulse signal from the index indicative of the (n)th hierarchy of 
multipulse signal on the basis of pulse position candidates excluding the positions of the pulses forming the first 
multipulse signal. 

According to the twentieth aspect of the present invention, a voice coding and decoding system comprises: 

a voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling frequen- 
cies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, a multi- 
pulse signal and a gain obtained by sequentially coding from the input voice signal and the signals obtained by the 
varying sampling frequencies in sequential order to the signal obtained by lower sampling frequency, per every N 
hierarchies for generating a bit stream, including: 

coding means of each hierarchy including an adaptive code book retrieving circuit generating a corresponding 
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adaptive code book signal by coding a differential pitch with respect to pitches coded and decoded up to (n-l)th 
hierarchy in (n)th hierarchy (n = 2, .... N); 

a multipulse generating circuit generating a first multipulse signal from n-1 multipulse signals coded and decoded 
up to (n-1)th hierarchy; 

5 a multipulse retrieving circuit coding a pulse position of the second multipulse signal in (n)th hierarchy among pulse 

position candidates excluding positions of pulses forming the first multipulse signals; 

a gain retrieving circuit coding gains of the adaptive code vector signal, the first multipulse signal, the second mul- 
tipulse signal; and 

a linear predictive quantizing circuit coding a difference between linear predictive coefficient coded and decoded up 
10 to (n-1)th hierarchy and linear predictive coefficient newly obtained by analysis at the (n)th hierarchy; and 

a voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon bit 
rates to be decoded, including: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=1 N) among the decoding means depending 

is upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th hier- 

archy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from the bit stream 
generated by the voice coding system; and an adaptive code book decoding circuit decoding a pitch from an index 
indicative of the pitch of (n)th hierarchy and generating an adaptive code vector signal; 

a multipulse generating circuit generating a first multipulse signal from the index indicative of multipulse signals up 
20 to (n-1)th hierarchies and gains; 

a multipulse decoding circuit decoding a second multipulse signal from an index indicative of the multipulse signal 
of the (n)th hierarchy on the basis of pulse position candidates excluding positions of pulses forming the first multi- 
pulse signal; 

a gain decoding circuit decoding the gain from the index indicative of the gain of the (n)th hierarchy and generating 
25 an excitation signal from the adaptive code vector signal, the first multipulse signal, the second multipulse signal 

and the decoded gain; and 

a linear predictive coefficient decoding circuit decoding a linear predictive coefficient from an index indicative of lin- 
ear predictive coefficients up to the (n)th hierarchy. 

so According to the twenty-first aspect of the present invention, a voice coding and decoding system comprises: 

a voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling frequen- 
cies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, a multi- 
pulse signal and a gain obtained by sequentially coding from the input voice signal and the signals obtained by the. 
35 varying sampling frequencies in sequential order to the signal obtained by lower sampling frequency, per every N 
hierarchies for generating a bit stream, including: 

a linear predictive quantization circuit for coding a difference between linear predictive coefficient coded and. 
decoded up to (n-1 )th hierarchy and a linear predictive coefficient newly obtained by analysis in coding of the (n)th 

hierarchy, in the (n)th hierarchy (n = 2 N); and 

40 a voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon bit 
rates to be decoded, including: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting ol decoding means of (n)th hierarchy (n=1 N) among the decoding means depending 

upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th hier- 
45 archy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from the bit stream 

generated by the voice coding system; and 

a linear predictive coefficient decoding circuit decoding linear predictive coefficient from index indicative of linear 
predictive coefficient up to the (n)th hierarchy. 

so According to the twenty-second aspect of the present invention, a voice coding and decoding system comprises: 

a down-sampling circuit down-sampling an input signal for outputting as a first input signal; 
first coding means for coding the first input signal; 

second coding means for coding the input signal on the basis of a coding output of the first coding means; 
55 a multiplexer outputting the coded outputs of the first coding means and the second coding means in a form of a bit 
stream; 

a demultiplexer inputting the bit stream and a control signal, when the control signal is indicative of a first bit rate, 
the coding output of the first coding means being output from the bit stream to a first decoding means, and when 
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the control signal is indicative of a second bit rate, a part of the coded output of the first coding means and the 
coded output of the second coding means being extracted from the bit stream for outputting to a second decoding 
means, the first and second decoding means decoding a reproduced signal depending on the control signal for out- 
putting via a switch. 

5 

In the practical construction, the second coding means comprises coding means of the second hierarchy in the 
voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling frequencies 
of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, a multipulse signal 
and a gain obtained by sequentially coding from the input voice signal and the signals obtained by varying sampling fre- 

io quencies in sequential order to the signal obtained by lower sampling frequency, per every N hierarchies for generating 
a bit stream, the voice coding system including coding means of each hierarchy including an adaptive code book 
retrieving circuit generating a corresponding adaptive code book signal by coding a differential pitch with respect to 

pitches coded and decoded up to (n-l)th hierarchy in (n)th hierarchy (n = 2 N). Also, the second decoding means 

comprises decoding means of the second hierarchy (n = 2) of a voice decoding system hierarchically varying sampling 

is frequencies of a reproduced signal depending upon bit rates to be decoded, including decoding means, each corre- 
sponding to each of N kinds of decodable bit rates, demultiplexer selecting of decoding means of (n)th hierarchy among 
the decoding means depending upon a control signal indicative of a decoding bit rate and extracting an index indicative 
of pitches up to (n)th hierarchy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, 
from the bit stream generated by the voice coding system, and an adaptive code book decoding circuit decoding a pitch 

20 from an index indicative of the pitch up to (n)th hierarchy and generating an adaptive code vector signal in the decoding 
means of (n)th hierarchy (n = 2, .... N). 

The present invention will be understood more fully from the detailed description given herebelow and from the 
accompanying drawings of the preferred embodiment of the present invention, which, however, should not be taken to 
be limitative to the invention, but are for explanation and understanding only. 

25 In the drawings: 

Fig. 1 is a block diagram showing a construction of the first embodiment of a voice coding and decoding system 
according to the present invention; 

Fig. 2 is a block diagram showing a construction of a second CELP coding circuit in the first embodiment of the 
so voice coding and decoding system according to the invention; 

Fig. 3 is a block diagram showing a construction of a second CELP decoding circuit in the first embodiment of the 
voice coding and decoding system according to the invention; 

Fig. 4 is a block diagram showing a construction of the second embodiment of a voice coding and decoding system 
according to the present invention; 
35 Fig. 5 is a block diagram showing a construction of a first CELP coding circuit in the second embodiment of the 
voice coding and decoding system according to the invention; 

Fig. 6 is a block diagram showing a construction of a second CELP decoding circuit in the second embodiment of 
the voice coding and decoding system according to the invention; 

Fig. 7 is a block diagram showing a construction of a first CELP decoding circuit in the second embodiment of the 
40 voice coding and decoding system according to the invention; 

Fig. 8 is a block diagram showing a construction of a second CELP decoding circuit in the second embodiment of 
the voice coding and decoding system according to the invention; 

Fig. 9 is a block diagram showing a construction of the third embodiment of the voice coding and decoding system 
according to the present invention; 
45 Fig. 10 is a block diagram showing a construction of a second CELP coding circuit in the third embodiment of the 

voice coding and decoding system according to the invention; 

Fig. 1 1 is a block diagram showing a construction of a second CELP decoding circuit in the third embodiment of the 
voice coding and decoding system according to the invention; 

Fig. 12 is a block diagram showing a construction of the voice coding system, to which the present invention is 
so directed; 

Fig. 13 is a block diagram showing an example of construction of a CELP coding circuit; 

Fig. 14 is a block diagram showing an example of construction of a CELP decoding circuit; 

Fig. 15 is an illustration showing a correspondence between a puise number and a pulse position candidate; and 

Fig. 16 is an illustration showing a correspondence between a pulse number and a pulse position candidate. 

55 

The present invention will be discussed hereinafter in detail in terms of the preferred embodiment of the present 
invention with reference to the accompanying drawings. In the following description, numerous specific details are set 
forth in order to provide a thorough understanding of the present invention. It will be obvious, however, to those skilled 
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in the art that the present invention may be practiced without these specific details. In other instance, well-known struc- 
tures are not shown in detail in order to avoid unnecessarily obscure the present invention. 

The present invention is characterized by performing a multi-stage coding per coding parameter in a hierarchical 
CELP coding. More particularly, in the preferred embodiment, a voice coding system preparing in N-1 in number of sig- 

5 nals with varying sampling frequencies of the input voice signals and multiplexing the input voice signals and the signals 
sampled with varying the sampling frequencies with aggregating indexes indicative of linear predictive coefficients 
obtained by coding, pitches, multiples signals and gains, for N hierarchies from the signal having the lowest sampling 
frequency, in sequential order, includes an adaptive code book retrieving circuit (identified by the reference numeral 127 
in Fig. 2) generating corresponding an adaptive code vector signal by coding a differential pitch with respect to a pitch 

70 coded and decoded up to (n-1)th hierarchy, in coding of (n)th hierarchy (n = 2 N) (as one example, second CELP 

coding circuit in Fig. 1), a multipulse generating circuit (identified by the reference numeral 128 in Fig. 2) generates a 
first multipulse signal from (n-i ) in number of multipulse signals coded and decoded up to (n-1 )th hierarchy, a multipulse 
retrieving circuit (identified by the reference numeral 129 in Fig. 2) coding a pulse position of the second multipulse sig- 
nal at (n)th hierarchy among pulse position candidates excluding the position of the pulse consisting the first multipulse 

is signal, a gain retrieving circuit (identified by the reference numeral 130 in Fig. 2) coding gains of the adaptive code vec- 
tor signal, the first multipulse signal and the second multipulse signal, a linear predictive analyzing circuit (identified by 
the reference numeral 103 in Fig. 2) performing linear predictive analysis of the derived linear predictive error signal for 
deriving a linear predictive coefficient, a linear predictive coefficient quantization circuit (identified by the reference 
numeral 104 in Fig. 2) quantizing the newly derived linear predictive coefficient, and a target signal generating circuit 

20 having a n-stage audibility weighted filter. 

On the other hand, in the preferred embodiment, a voice decoding system hierarchically varying sampling fre- 
quency of reproduced signal depending upon bit rate to be decoded, includes decoding means corresponding to deco- 
dable N kinds of bit rates, a demultiplexer (identified by the reference numeral 18 in Fig. 1) selecting decoding means 
of (n)th hierarchy (n = 1 , .... N) among the decoding means and extracting an index indicative of a pitch up to (n)th hier- 

25 archy and a gain of the multipulse signal and an index indicative of the linear predictive coefficient of the (n)th hierarchy, 

and the decoding means of the (n)th hierarchy (n = 2 N) includes an adaptive code book decoding circuit (identified 

by the reference numeral 134 in Fig. 3) decoding the pitch from the index indicative of the pitch up to the (n)th hierarchy 
and generating an adaptive code vector signal, a multipulse generating circuit (identified by the reference numeral 136 
in Fig. 3) generating the first multipulse signal from an index indicative of the multipulse signal and the gain up to the 

so (n)th hierarchy, a multipulse decoding circuit (identified by the reference numeral 135 in Fig. 3) decoding the second 
multipulse signal from the index indicative of the multipulse signal of the (n)th hierarchy in the basis of the pulse position 
candidate excluding the pulse position consisting the first multipulse signal, again decoding circuit (identified by the ref- 
erence numeral 137 in Fig. 3) decoding the gain from the index indicative the gain of the (n)th hierarchy and generating 
an excitation signal from the adaptive code vector signal, the first multipulse signal, the second multipulse signal and 

35 the decoded gain, a linear predictive coefficient decoding circuit (identified by the reference numeral 118 in Fig. 3) 

decoding quantized linear predictive coefficient a'(i), i = 1 , Np, from the input index via the input terminal (identified 

by the reference numeral 1 14 in Fig. 3), and a reproduced signal generating circuit (identified by the reference numeral 
122 in Fig. 3) generating the reproduced signal by driving the linear predictive synthesizing filter by the excitation signal 
to output to the output terminal (identified by the reference numeral 123 in Fig. 3). 

40 The preferred embodiment of the voice coding and decoding system according to the present invention will be dis- 
cussed in terms of the embodiment, in which the bit stream coded by the voice coding system is decoded at two kinds 
of bit rates (hereinafter referred to as high bit rate and low bit rate). A down-sampling circuit (identified by the reference 
numeral 1 in Fig. 1) outputs a first input signal down-sampled from the input signal to a first CELP coding circuit (iden- 
tified by the reference numeral 14 in Fig. 1). The first CELP coding circuit encodes the first input signal to output a 

45 encoded output to the multiplexer (identified by the reference numeral 7 in Fig. 1). The multiplexer (identified by the ref- 
erence numeral 7 in Fig. 1) converts the encoded output of the first CELP coding circuit (identified by the reference 
numeral 14 in Fig. 1) and the second CELP coding circuit (identified by the reference numeral 15 in Fig. 1 into a bit 
stream for outputting. The demultiplexer (identified by the reference numeral 18 in Fig. 1) inputs the bit stream and a 
control signal. When the control signal indicates the low bit rate, the encoded output of the first CELP coding circuit 

so (identified by the reference numeral 1 4 in Fig. 1 ) is output to the first CELP decoding circuit (identified by the reference 
numeral 1 6 in Fig. 1 ) from the bit stream. When the control signal indicates the high bit rate, a part of the encoded output 
of the first CELP coding circuit (identified by the reference numeral 14 in Fig. 1) and the encoded output of the second 
CELP coding circuit (identified by the reference numeral 1 5 in Fig. 1 ) are extracted to output to the second CELP coding 
circuit (identified by the reference numeral 17 in Fig. 1). Depending upon the control signal, in the first CELP decoding 

55 circuit (identified by the reference numeral 16 in Fig. 1) and the second CELP decoding circuit (identified by the refer- 
ence numeral 1 7 in Fig. 1 ). the reproduced signal is decoded to output via the switch circuit 1 (identified by the reference 
numeral 9 in Fig. 1). 

On the other hand, in the preferred embodiment, the voice coding system according to the present invention 
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includes an adaptive code book retrieving circuit (identified by the reference numeral 147 in Fig. 6) encoding a differen- 
tial pitch with respect to the pitch of the (n-1)th hierarchy and generates a corresponding adaptive code vector signal, 
in the (n)th hierarchy, a multipulse generating circuit (identified by the reference numeral 148 in Fig. 6) decoding n-1 in 
number of the multipulse signals coded up to the (n-1)th hierarchy, converting the sampling frequency of the decoded 
multipulse signal into the sampling frequency the same as the input signal in the (n)th hierarchy and generating the first 
multipulse signal derived by weighted summing of (n-1) in number of multipulse signal converted by the sampling fre- 
quency by the gain in each hierarchy, a multipulse retrieving circuit (identified by the reference numeral 149 in Fig. 6) 
encoding the pulse position of the second multipulse signal in the (n)th hierarchy among the pulse position candidates 
excluding the position of the pulse consisting the first multipulse signal, and a gain retrieving circuit (identified by the 
reference numeral 130 in Fig. 6) encoding the gains of the adaptive code vector signal, the first multipulse signal and 
the second multipulse signal. 

Then, for multi-stage coding of the linear predictive coefficient, the voice coding system includes a linear predictive 
coefficient converting circuit (identified by the reference numeral 142 in Fig. 6) converting the linear predictive coeffi- 
cient derived up to the (n-1)th hierarchy into the coefficient on the sampling frequency of the input signal at the (n)th 
hierarchy, a linear predictive residual difference signal generating circuit (identified by the reference numeral 143 in Fig. 
6) deriving a linear predictive residual difference signal of the input signal by the converted (n-1) in number of the linear 
predictive coefficient, a linear predictive analyzing circuit (identified by the reference numeral 144 in Fig. 6) quantizing 
the newly derived linear predictive coefficient, and a target signal generating circuit (identified by the reference numeral 
146 in Fig. 6) having the (n)th state audibility weighted filter. The adaptive code book retrieving circuit (identified by the 
20 reference numeral 147 in Fig. 6) has (n) stage audibility weighted reproduction filter. 

In another preferred embodiment, the voice decoding system according to the present invention hierarchically var- 
ying the sampling frequency of the reproduced signal depending upon the decoded bit rate, has decoding means 
depending upon decodable N kinds of bit rates and the demultiplexer (identified by the reference numeral 18 in Fig. 4) 

selecting the (n)th hierarchy (n= 1 N) among decoding means and extracting the index indicative of the linear pre- 

25 dictive coefficient, the pitch, the multipulse signal and the gain and further includes the adaptive code book decoding 
circuit (identified by the reference numeral 134 in Fig. 8) decoding the pitch from the index indicative of the pitch up to 
the (n)th hierarchy to generate the adaptive code vector signal, the multipulse generating circuit (identified by the refer- 
ence numeral 136 in Fig. 1) generating the first multipulse signal from the index indicative of the multipulse signal and 
the gain up to the (n-1) th hierarchy, the multipulse decoding circuit (identified by the reference numeral 135 in Fig. 8), 
30 the gain decoding circuit (identified by the reference numeral 137 in Fig. 8) decoding the gain from the index indicative 
of the gain of the (n)th hierarchy and generates the excitation signal from the adaptive code vector signal, the first mul- 
tipulse signal, the second multipulse signal and the decoded gain, a linear predictive coefficient converting circuit (iden- 
tified by the reference numeral 152 in Fig. 8) converting the linear predictive coefficient derived up to the (n-1)th 
hierarchy into coefficient on the sampling frequency of the input signal at the (n)th hierarchy, a reproduced signal gen- 
35 erating circuit (identified by the reference numeral 1 53 in Fig. 8) generating the reproduced signal driven by the n-stage 
linear predictive synthesizing filter by the excitation signal and a linear predictive coefficient decoding circuit (identified 
by the reference numeral 118 in Fig. 6) decoding a quantized linear predictive coefficient from the index input via the 
input terminal, to output to a reproduced signal generating circuit (identified by the reference numeral 153 in Fig. 6). 
Discussion will be given hereinafter for operation of the preferred embodiments of the present invention. When 
40 pitch analysis is performed for the same voice signal with varying sampling frequencies, little variation is caused in the 

pitch. Accordingly, in the adaptive code book retrieving circuit coding the pitch at the (n)th hierarchy (n = 2 N), coding 

efficiency is improved by coding only differential value relative to the pitch at the (n-1)th hierarchy. 

In the preferred embodiment of the present invention, in the multipulse generating circuit at the (n)th hierarchy, the 
sampling frequency of the multipulse signal coded and decoded up to the (n-1)th hierarchy converts into the same sam- 
45 pling frequency as the input signal at the (n)th hierarchy to generate the first multipulse signal derived by weighted sum- 
ming of the n-1 multipulse signals sampling frequencies of which are converted, by the gains at each hierarchy. In the 
multipulse retrieving circuit at the (n)th hierarchy, among the pulse position candidate excluding the position of the pulse 
consisting the first multipulse signal, the pulse position of the second multipulse signal at the (n)th hierarchy may be 
coded to contribute for reducing of number of the bits. 
so On the other hand, since the gains up to the (n)th hierarchy are multiplied in the first multipulse signal, the gain in 

the first multipulse signal in the gain retrieving circuit at the (n)th hierarchy may be coded as a ratio with respect to the 
gain up to the (n)th hierarchy, coding efficiency can be improved. 

In the linear predictive coefficient converting circuit (identified by the reference numeral 142 in Fig. 6) at the (n)th 
hierarchy, the quantized linear predictive coefficient coded and decoded up to the (n-l)th hierarchy are converted into 
55 coefficient on the same sampling frequencies as the input signal at the (n)th hierarchy. In the linear predictive residual 
difference signal generating circuit (identified by the reference numeral 143 in Fig. 6), by a (n-l)-stages of linear predic- 
tive inverted filter using the converted linear predictive coefficient, the linear predictive residual difference signal of the 
input signal is generated. In the linear predictive analyzing circuit (identified by the reference numeral 144 in Fig. 6), the 
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linear predictive coefficient relative to the linear predictive residual difference signal is newly derived. In the linear pre- 
dictive coefficient quantization circuit (identified by the reference numeral 145 in Fig. 6), the derived linear predictive 
coefficient is quantized. 

By this, among the input signal, since a band spectrum envelop coded at the (m)th hierarchy (m = 1 n-1) can 

5 be expressed by the linear predictive coefficient coded at the (m)th hierarchy, it becomes unnecessary to newly transmit 
the code at the (n)th hierarchy. Accordingly, the linear predictive coefficient newly obtained through analysis may be 
expressed only the spectrum envelop of the in other band and thus can be transmitted with smaller number of bits. 

In the target signal generating circuit, n-stage audibility weighted filter is used. In the adaptive code book retrieving 
circuit and the multipulse retrieving circuit, the n-stage audibility weighted reproduction filter is used. On the other hand, 
w in the reproduced signal generating circuit, by using the n-stage linear predictive synthesizing filter, the spectrum 
envelop of the input signal of the (n)th hierarchy can be expressed. Accordingly, coding of the pitch and the multipulse 
signal can be realized by the audibility weighted reproduction signal to improve quality of the reproduced signal. 

For discussion of the preferred embodiment of the present invention in detail, embodiments of the present invention 
will be discussed with reference to the drawings. 
is Fig. 1 is a block diagram showing a construction of the first embodiment of a voice coding and decoding system 

according to the present invention. 

Referring to Fig. 1 , the first embodiment of the voice coding and decoding system according to the present inven- 
tion will be discussed. For simplification of disclosure, the following discussion will be given for the case where number 
of hierarchies is two. It should be noted that the similar discussion will be applicable for the case where the number of 
20 the hierarchies is three or more. In Fig. 1 , a bit stream coded by the voice coding system is decoded by two kinds of bit 
rates (hereinafter referred to as high bit rate and low bit rate). 

Referring to Fig. 1 , the down-sampling circuit 1 outputs the first input signal (e.g. sampling frequency 8 kHz) down- 
sampled from the input signal (e.g. sampling frequency 16 kHz), to the first CELP coding circuit 14. 

The first CELP coding circuit codes the first input signal in the similar manner as that of the CELP coding circuit 
25 shown in Fig. 1 3 to output the index ILd of the adaptive code vector, the index ILj of the multipulse signal and the index 
ILk of the gain to the second CELP coding circuit 1 5 and the multiplexer 7, and the index ILa corresponding to the linear 
predictive coefficient to the multiplexer 7. 

Fig. 2 is a block diagram showing the second CELP coding circuit 15 in the first embodiment of the voice coding 
and decoding system according to the present invention. Referring to Fig. 2, detailed discussion will be given for the 
30 second CELP coding circuit 15. In comparison with the conventional CELP coding circuit shown in Fig. 13, the opera- 
tions of the adaptive code book retrieving circuit 127, the multipulse generating circuit 128, the multipulse retrieving cir- 
cuit 129 and the gain retrieving circuit 130 are differentiated. Hereinafter, discussion for these circuit will be given 
hereinafter. 

In the adaptive code book retrieving circuit 127, from the index ILd obtained via the input terminal 124, the pitch d' 
35 in the first CELP coding circuit 14 is decoded and converted into a first pitch d1 corresponding to the sampling fre- 
quency of the input signal of the second CELP coding circuit 15. For example, when the sampling frequency is con- 
verted from 8 kHz to 16 kHz, d1 = 2d' is established. Also, among a retrieving range (e.g. d1-8 d1 + 7) centered 

at the first pitch d1 , a second pitch d2 where the error expressed by the foregoing equation (3) becomes minimum, is 
selected in the similar manner as the adaptive code book retrieving circuit 107 of Fig. 13. 
40 On the other hand, the adaptive code book retrieving circuit 127 takes the differential value of the selected second 
pitch d2 and the first pitch dl as the differential pitch, and output to the output terminal 1 10 after conversion into the 
index Id. On the other hand, the selective adaptive code vector signal Ad(n) is output to the gain retrieving circuit 130 
and the reproduced signal SAd(n) thereof is output to the gain retrieving circuit 130 and the multipulse retrieving circuit 
129. 

45 In the multipulse generating circuit 1 28, the first multipulse is generated on the basis of the multipulse coded by the 

first CELP coding circuit 1 4. On the basis of the index ILj of the multipulse signal and the index ILk of the gain in the first 
CELP coding circuit 14 obtained via the input terminals 125 and 126, the first multipulse signal DL(n), n = 0, .... N-1 is 
expressed by the following equation (7). 

?o DL(n) = Gk(0)Cj'(n), n = 0, .... N-1 (7) 

where Cj(n) is a signal converted the sampling frequency from the multipulse signal in the first CELP coding circuit 14. 
For example, as one example of the case where the sampling frequency is converted from 8 kHz to 16 kHz. Cj'(n) is 
expressed by the following equation (8). 
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P -l 

Cj'(n) = ^Afp)-^ " 2M(P)> 

p-0 

n= 0, , N-l 

(8) 

wherein, A(p) and M(p) are amplitude and position of the pulse in (p)th sequential order consisting the multipulse 
in the first CELP coding circuit 14, P' is number of pulses. On the other hand, as an alternative embodiment, upon deriv- 
ing Cj'(n), it is possible to take fluctuation of the pulse position into account. In this case, Cj'(n) is expressed by the fol- 
lowing equation (9). 

p'-i 

C j(n) = J A <P> ' 6 < n * < 2M <P> + D > > 

p-0 

n= 0, . . * . , N-l 

..... (9) 



wherein D represents the fluctuation of the pulse position in the sampling frequency conversion of the multipulse 
signal. In the shown example, D is either 0 or 1 . Accordingly, as candidate of the first multipulse signal, two signals are 
present. Also, it is possible to take the fluctuation of the pulse position per every pulse. In such 

case, Cj'(n) may be expressed by replacing D in the foregoing equation (9) with D(p), p= 0, ... p'-l. 

In this example, as the candidate of the first multipulse signal, 2 A p' in number (p' in number of 2 to ( A )th power) are 
present. In either case, the first multipulse signal DL(n) is selected among these candidates so that the error in the fore- 
going equation (4) becomes minimum similarly to the multipulse retrieving circuit 108 shown in Fig. 13. 

On the other hand, the multipulse generating circuit 128 outputs the first multipulse signal DL(n) and the repro- 
duced signal SDL(n) thereof to the gain retrieving circuit 130 and the multipulse retrieving circuit 129. 

In the multipulse retrieving circuit 129, the second multipulse signal orthogonal with respect to the first multipulse 
signal and the adaptive code vector signal is newly retrieved. At first, the pulse position candidates for retrieving the sec- 
ond multipulse signal are set so that the positions of the pulses consisting the first multipulse signal and the positions 
of the pulses consisting the second multipulse signal will never overlap. For example, when the first multipulse signal is 
generated on the basis of the foregoing equation (8), assuming a sub-frame length N = 80 and pulse number P = 5, the 
pulse position candidates shown in Fig. 16 are used. 

On the basis of the set pulse position candidates, the second multipulse signal is coded so that the error E4(j) 
expressed by the following equation (10) becomes minimum similarly to the multipulse retrieving circuit 108 shown in 
Fig. 13. 



E4(j) = J X" (n) 2 

n -0 



(10) 

wherein X"(n). n=0 N-l are derived by orthgonalization of the target signal X(n) by the reproduced signal 

SAd(n) of the adaptive code vector signal and the reproduced signal SDL(n) of the first multipulse signal, which is 
derived by the following equation (11). 



X" (n) . scj(n) 



2 sc j(n) J 
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Y X(n)- SDL(n)-y SAd(n) 2 - Y X(n)* SAd(n)-Y SAd(n)- SDL(n) 

^ nTo nTp n-0 

Ml - 1 M-l /M-l \ 2 

^SAd(n) 2 '^SCj(n) 2 - I gSAd(n)- SCj<n) 



On the other hand, the multipulse retrieving circuit 129 outputs the second muitipulse signal Cj(n) and the repro- 
duced signal SCj(n) thereof to the gain retrieving circuit 130 and the corresponding index to the output terminal 111. 
In the gain retrieving circuit 1 30, the gains of the adaptive code vector signal, the first multipulse signal and the sec- 

20 ond multipulse signal are a three<Jimensional vector quantized. The gains of the adaptive code vector signal, the first 
multipulse signal and the second multipulse signal accumulated in the gain code book of a code book size K are 
assumed to be Gkx(0), Gkx(1), Gkx(2), kx = 0, .... K-1 . An index k of an optimal gain is selected so that an error E5(k) 
expressed by the following equation (12) using the reproduced signal SAd(n) of the adaptive code vector, the repro- 
duced signal SDL(n) of the first multipulse, the reproduced signal SCj(n) of the second multipulse and the target signal 

25 X(n), can be minimized. The gains of the adaptive code vector signal, the first multipulse signal and the second multi- 
pulse signal ol the selected index k are assumed to be Gk(0). Gk(1) and Gk(2). respectively. 



M-l 

E5(kx) « V (X(n) - Gkx(0)- SAd(n) - Gkx(l)- SDL(n) - Gkx<2)- SC j(n) ) 2 

20 L-J 

n-0 

(12) 

35 

On the other hand, the excitation signal is generated using the selected gain, the adaptive code vector, the first mul- 
tipulse signal and the second multipulse signal and output to the sub-frame buffer 106, and the index corresponding to 
the gain is output to the output terminal 1 12. 
40 Referring again to Fig. 1 , discussion will be given for the shown embodiment of the voice coding system. The mul- 
tiplexer 7 converts the four kinds of the indexes input from the first CELP coding circuit 14 and the four kinds of the 
indexes input from the second CELP coding circuit 15 into the bit stream for outputting. 

Next, discussion will be given for the voice decoding system. The voice decoding system switches its operation by 
the demultiplexer 18 and the switch circuit 19 depending upon the control signal identifying two kinds of bit rates deco- 
45 rdable by the voice decoding system. 

The demultiplexer 18 inputs the bit stream and the control signal. When the control signal is low bit rate, the coded 
indexes ILd, ILj, ILk and ILa are extracted from the bit stream in the first CELP coding circuit 14 to output to the first 
CELP decoding circuit 16. On the other hand, when the control signal is high bit rate, the indexes ILd, ILj and ILk among 
the four kinds of indexes coded in the first CELP coding circuit 14 and the indexes Id, Ij, Ik and Iz coded in the second 
so CELP coding circuit 15 are extracted to output to the second CELP decoding circuit 17. 

The first CELP decoding circuit 16 decodes respective of the adaptive code vector, the multipulse signal, the gain 
and the linear predictive coefficient from the index ILd of the adaptive code vector, the index ILj of the multipulse signal, 
the index ILk of the gain and the index ILa corresponding to the linear predictive coefficient to generate the first repro- 
duced signal for outputting to the switch circuit 19. 
55 The second CELP decoding circuit 17 decodes the second reproduced signal from the indexes ILd. ILj and ILk 
coded in the first CELP coding circuit 14 and indexes Id, Ij. Ik and la coded in the second CELP coding circuit 15 for 
outputting to the switch circuit 1 9. 

Fig. 3 is a block diagram showing the second CELP decoding circuit 1 7 in the first embodiment of the voice coding 
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and decoding system according to the present invention. Discussion will be given hereinafter with respect to the second 
CELP decoding circuit 17 with reference to Fig. 3. The second CELP decoding circuit 17 is differentiated in operations 
of an adaptive code book decoding circuit 134, a multipulse decoding circuit 135, a multipulse generating circuit 136 
and a gain decoding circuit 1 37, in comparison with the CELP decoding circuit shown in Fig. 14. Hereinafter, operations 
5 of these circuits will be discussed. 

In the adaptive code book decoding circuit 134, a first pitch d1 is derived from the index ILd input via an input ter- 
minal 131 in similar manner to the adaptive code book retrieving circuit 127. A differential pitch decoded from the index 
ILd input via an input terminal 116 and the first pitch d1 are summed to decode a second pitch d2. On the basis of the 
decoded second pitch d2, an adaptive code vector signal Ad(n) is derived to output to a gain decoding circuit 137. 
io in the multipulse generating circuit 136, the first multipulse signal DL(n) is decoded from the indexes ILj and ILk 
input via the input terminals 1 32 and 1 33 in similar manner to the multipulse generating circuit 1 28 to output to the gain 
decoding circuit 137 and the multipulse decoding circuit 137. 

In the multipulse decoding circuit 135, the pulse position candidate (shown in Fig. 16) for decoding the second mul- 
tipulse signal is generated using the first multipulse signal in similar manner to the multipulse retrieving circuit 129. On 
/5 the basis of the generated pulse position candidate, the second multipulse signal Cj(n) is decoded from the index Id 
input via the input terminal 1 1 7. Then, the decoded second multipulse signal DL(n) is output to the gain decoding circuit 
137. 

In the gain decoding circuit 137, the gains Gk(0), Gk(1) and Gk(3) are decoded from the index Ik input via the input 
terminal 1 1 5, and the excitation signal is generated using the adaptive code vector signal Ad(n), the first multipulse sig- 
20 nal DL(n), the second multipulse signal Cj(n) and the gains GA(k), GCl(k) and GC2(k) to output to a reproduced signal 
generating circuit 122. 

Referring again to Fig. 1, the shown embodiment of the voice decoding system will be discussed. The switch 19 
inputs the first reproduced signal, the second reproduced signal and the control signal. When the control signal is high 
bit rate, the input second reproduced signal is output to the voice coding system as the reproduced signal. On the other 
25 hand, the control signal is low bit rate, the input first reproduced signal is output to the voice coding system as the repro- 
duced signal. 

While the foregoing first embodiment of the voice coding and decoding system according to the present invention 
has been discussed hereabove in terms of multi-stage coding of the pitch, the multipulse signal and the gain, similar 
discussion will be applicable even for the case where either one of the multipulse signal and the gain is subject to multi- 
30 stage coding. 

Fig. 4 is a block diagram showing a construction of the second embodiment of the voice coding and decoding sys- 
tem according to the present invention. Referring to Fig. 4, the second embodiment of the voice coding and decoding 
system will be discussed. For simplification of the disclosure, the following discussion will be given in terms of the case 
where number of hierarchies is two. It should be noted that similar discussion is applicable for the case where the 
35 number of hierarchies is three or more. 

In the shown embodiment, the bit stream coded by the voice coding system is decoded at two kinds of bit rates 
(hereinafter referred to as "high bit rate" and "low bit rate"). 

The second embodiment of the voice coding and decoding system according to the present invention is differenti- 
ated only in the first CELP coding circuit 20, the second CELP coding circuit 21 , the first CELP decoding circuit 22 and 
40 the second CELP decoding circuit 23 in comparison with the first embodiment. Therefore, the following disclosure will 
be concentrated for these circuits different from those in the first embodiment in order to keep the disclosure simple 
enough by avoiding redundant discussion and whereby to facilitate clear understanding of the present invention. 

The first CELP coding circuit 20 codes the first input signal input from the down-sampling circuit 1 for outputting the 
index ILd of the adaptive code vector, the index ILj of the multipulse signal and the index ILk of the gain to the second 
45 CELP coding circuit 21 and the multiplexer 7, and for outputting the index ILa corresponding to the linear predictive 
coefficient to the multiplexer 7, and the linear predictive coefficient and the quantized linear predictive coefficient to the 
second CELP coding circuit 21 . 

Fig. 5 is a block diagram showing a construction of the first CELP coding circuit 20 in the second embodiment of 
the voice coding and decoding system according to the present invention. Referring to Fig. 5, difference between the 
so first CELP coding circuit 20 of the shown embodiment and the CELP coding circuit shown in Fig. 13 will be discussed. 

In the first CELP coding circuit 20. in comparison with the CELP coding circuit shown in Fig. 13, it is only differen- 
tiated in outputting the linear predictive coefficient as output of the linear predictive analyzing circuit 1 03 and the quan- 
tized linear predictive coefficient as output of the linear predictive coefficient quantizing circuit 104 to the output 
terminals 138 and 139. Accordingly, discussion of the operation of the circuit forming the first CELP coding circuit 20 
55 will be neglected. 

Referring again to Fig. 4, the second CELP coding circuit 21 codes the input signal on the basis of three kinds of 
indexes ILd. ILj and ILk as output of the first CELP coding circuit 20, the linear predictive coefficient and the quantized 
linear predictive coefficient to output the index Id of the adaptive code vector, the index Ij of the multipulse signal, the 
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index Ik of the gain and the index la corresponding to the linear predictive coefficient, to the multiplexer 7. 

Fig. 6 is a block diagram showing a construction of the second CELP coding circuit 21 . Referring to Fig. 6, discus- 
sion will be given with respect to the second CELP coding circuit 21 . A framedividing circuit 101 divides the input signal 
input via the input terminal 100 per frame to output to a sub-frame dividing circuit 102. 

5 The sub-frame dividing circuit 102 further divides the input signal in the frame into sub-frames to output to a linear 

predictive residual signal generating circuit 143 and a target signal generating circuit 146. A linear predictive coefficient 
converting circuit 142 inputs the linear predictive coefficient and the quantized linear predictive coefficient derived by 
the first CELP coding circuit 20 via the input terminals 140 and 141 and converts into a first linear predictive coefficient 
and a first quantized linear predictive coefficient corresponding to a sampling frequency of the input signal of the second 

10 CELP coding circuit 21 . 

Sampling frequency conversion of the linear predictive coefficient may be performed by deriving an impulse 
response signal of a linear predictive synthesizing filter of the same configuration as the foregoing equation (2) with 
respect to respective linear predictive coefficient and the quantized linear predictive coefficient, and after up-sampling 
(the same operation as that of the up-sampling circuit 4 of the prior art) of the impulse response signal, auto-correlation 
15 is derived to apply a linear predictive analyzing method. 

On the other hand, the linear predictive coefficient converting circuit 142 outputs the first linear predictive coeffi- 
cients a1(i), i = 1, Np to the linear predictive residual difference signal generating circuit 143, the target signal gen- 
erating circuit 1 46, the adaptive code book retrieving circuit 1 47, the multipulse generating circuit 1 48 and the multipulse 

retrieving circuit 1 49 and also outputs the first quantized linear predictive coefficient al '(i), i = 1 Np to the target sig- 

20 nal generating circuit 146, the adaptive code book retrieving circuit 147, the multipulse generating circuit 148 and the 
multipulse retrieving circuit 1 49. 

In the linear predictive residual difference signal generating circuit 143, the linear predictive inverted-filter (see the 
following equation (1 3)) is driven by the input signal input from the sub-frame dividing circuit 1 02 to derive the linear pre- 
dictive residual difference signal to output to the linear predictive analyzing circuit 144. 

25 

"p 

As(z) = 1 - J) al(i)- z- 1 

30 

(13) 



35 The linear predictive analyzing circuit 1 44 performs linear predictive analysis of the linear predictive residual differ- 
ence signal in the similar manner as the linear predictive analyzing circuit 1 03 shown in Fig. 1 3 to output a second linear 
predictive coefficients aw(i), i = 1 Np' to the linear predictive coefficient quantizing circuit 145, the target signal gen- 
erating circuit 1 46, the adaptive code book retrieving circuit 1 47, the multipulse generating circuit 1 48 and the multipulse 
retrieving circuit 149. Here, Np' is order of the linear predictive analysis, e.g. "10" in the shown embodiment 

40 in the linear predictive coefficient quantizing circuit 145, similarly to the linear predictive coefficient quantizing cir- 
cuit 104 shown in Fig. 13, quantizes the second linear predictive coefficient to output the second quantized linear pre- 
dictive coefficient aw'(i), i = 1, .... Np' to the target signal generating circuit 146, the adaptive code book retrieving circuit 
147, the multipulse generating circuit 148 and the multipulse retrieving circuit 149, and to output the index indicative of 
the second quantized linear predictive coefficient to the output terminal 113. 

45 In the target signal generating circuit 146. the audibility weighted filter Hw'(z) expressed by the following equation 

(14) is driven by the input signal input from the sub-frame dividing circuit 102 to generate an audibility weighted signal. 
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wherein, R1, R2, R3 and R4 are weighting coefficient controlling the audibility weighted amount. For example, 
R1 = R3 = 0.6 and R2 = R4 = 0.9 . 

Next, an audibility weighted synthesizing filter Hsw(z), in which the linear predictive synthesizing filter (see the fol- 
lowing equation (15)) of the immediately preceding sub-frame and the audibility weighted filter Hw'(z) are connected in 
5 cascade connection, is driven by the excitation signal of the immediately preceding sub-frame obtained via the sub- 
frame buffer 106. Subsequently, the filter coefficient of the audibility weighted synthesizing filter is varied to the value of 
the current sub-frame. Then, using a zero input signal having all of signal values being zero, the audibility weighted syn- 
thesizing filter is driven to derive a zero input response signal. 
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so Also, the zero input response signal is subtracted from the audibility weighted signal to generate the target signal 

X(n), n=0 — N-1 . Here. N is a sub-frame length. On the other hand, the target signal X(n) is output to the adaptive code 
book retrieving circuit 147, the multipulse retrieving circuit 149 and the gain retrieving circuit 130. 

In the adaptive code book retrieving circuit 147, similarly to the adaptive code book retrieving circuit 127 (see Fig. 
2) in the first embodiment, the first pitch d1 is derived from the index ILd obtained via the input terminal 124. Also, 

25 among a retrieving range centered at the first pitch d1 , the second pitch d2 where the error expressed by the foregoing 
equation (3) becomes minimum, is selected. As the audibility weighted synthesizing filter in the zero state, a filter 
Zsw'(z) established by initializing the audibility weighted synthesizing filter Hsw'(Z) per sub-frame is employed. 

Then, the adaptive code book retrieving circuit 147 takes a differential value of the selected second pitch d2 and 
the first pitch d1 as the differential pitch, and output to the output terminal 1 1 0 after conversion into the index Id. On the 

30. other hand, the selected adaptive code vector signal Ad(n) is output to the gain retrieving circuit 1 30 and the reproduced 
signal SAd(n) is output to the gain retrieving circuit 130 and the multipulse retrieving circuit 149. 

In the multipulse generating circuit 148, similarly to the multipulse generating circuit 128 in the first embodiment, 
the first multipulse signal DL(n) is generated on the basis of the multipulse signal coded by the first CELP coding circuit 
20. On the other hand, employing the audibility weighted synthesizing filter Zsw'(z) in zero state, the reproduced signal 

35 SDL(n) of the first multipulse signal is generated to output the first multipulse signal and the reproduced signal thereof 
to the gain retrieving circuit 130. 

In the multipulse retrieving circuit 149, similarly to the multipulse retrieving circuit 129 in the first embodiment, the 
second multipulse signal orthogonal to the first multipulse signal and the adaptive code vector signal is newly retrieved 
employing the audibility weighted synthesizing filter Zsw'(z)in zero state. On the other hand, the multipulse retrieving 

40 circuit 149 outputs the second multipulse signal Cj(n) and the reproduced signal SCj(n) thereof to the gain retrieving 
circuit 130 and outputs the corresponding index to the output terminal 111. 

Hereinafter, the voice decoding system will be discussed. Fig. 7 is a block diagram showing a construction of the 
first CELP decoding circuit in the second embodiment of the voice coding and decoding system according to the 
present invention. Referring to Fig. 7, discussion will be given for a difference between the first CELP decoding circuit 

45 22 and the CELP decoding circuit shown in Fig. 14. 

The first CELP decoding circuit 22 is differentiated from the CELP decoding circuit shown in Fig. 14 only in that the 
quantized linear predictive coefficient as the output of the linear predictive coefficient decoding circuit 1 18 is taken as 
the output of the output terminal 150. Accordingly, the operation of the circuit forming the first CELP decoding circuit 22 
will not be discussed in order to keep the disclosure simple enough by avoiding redundant discussion and to facilitate 

so clear understanding of the present invention. 

Next. Fig. 8 is a block diagram showing a construction of the second CELP decoding circuit in the second embod- 
iment of the voice coding and decoding system according to the present invention. Referring to Fig. 8, discussion will 
be given with respect to the second CELP decoding circuit 23 forming the voice decoding system in the second embod- 
iment of the present invention. 

55 The second CELP decoding circuit 23 is differentiated from the second CELP decoding circuit 1 7 in the foregoing 
first embodiment only in operations of the linear predictive coefficient converting circuit 152 and the reproduced signal 
generating circuit 153. The following disclosure will be concentrated to these circuits different from the former first 
embodiment. 
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Referring to Fig. 8, the linear predictive coefficient converting circuit 1 52 inputs the quantized linear predictive coef- 
ficient decoded by the first CELP decoding circuit 22 via the input terminal 1 51 to convert into the first quantized linear 
predictive coefficient in the similar manner as the linear predictive coefficient converting circuit 142 on the coding side, 
to output to the reproduced signal generating circuit 153. In the reproduced signal generating circuit 153, the repro- 

5 duced signal is generated by driving the linear predictive synthesizing filter Hs*(z) by the excitation signal generated in 
the gain decoding circuit 137, to output to the output terminal 123. 

In the foregoing second embodiment of the voice coding and decoding system according to the present invention, 
discussion has been given in terms of multi-stage coding of the pitch, multipulse and the linear predictive coefficient, 
similar is applicable for the case where one of two of the pitch, the multipulse and the linear predictive coefficient are 

io coded by multi-stage coding. 

Fig. 9 is a block diagram showing a construction of the third embodiment of the voice coding and decoding system 
according to the present invention. Referring to Fig. 9. discussion will be given with respect to the third embodiment of 
the voice coding and decoding system according to the present invention. For simplification of disclosure, the discus- 
sion will be given for the case where number of hierarchies is two. Similar discussion will be given with respect to three 

15 or more hierarchies. In the shown embodiment, the bit stream coded by a voice coding system can be decoded by two 
kinds of bit rates (hereinafter referred to as high bit rate and low bit rate) in a voice decoding system. 

The third embodiment of the voice coding and decoding system according to the present invention is differentiated 
from the first embodiment only in operations of the second CELP coding circurt 24 and the second CELP decoding cir- 
cuit 25. Hereinafter, therefore, the following disclosure will be concentrated for these circuits different from those in the 

20 first embodiment in order to keep the disclosure simple enough by avoiding redundant discussion and whereby to facil- 
itate clear understanding of the present invention. 

The CELP coding circuit 24 codes the input signal on the basis of the four kinds of indexes ILd, ILj, ILk and Lla, and 
outputs the index Id of the adaptive code vector, the index Ij of the multipulse signal, the index Ik of the gain, and index 
la of the linear predictive coefficient, to the multiplexer 7. 

25 Fig. 10 is a block diagram showing a construction of the second embodiment of the CELP coding circuit 24. Refer- 

ring to Fig. 10. discussion will be given with respect to the second CELP coding circuit 24. The second CELP coding 
circuit 24 is differentiated from the second CELP coding circuit 15 (see Fig. 2) in the first embodiment only in the oper- 
ation of the linear predictive coefficient quantizing circuit 155. The following disclosure will be concentrated for the oper- 
ation of the linear predictive coefficient quantizing circuit 155 and disclosure of the common part will be neglected. 

30 Referring to Fig. 10, in the linear predictive coefficient quantizing circuit 155, a quantized LSP f(i), i = 1 ... Np-1 (Np 

is the order to be subject linear predictive analysis.e.g. "10"). The decoded quantized LSP is converted by the first quan- 
tizing LSP f1(i), i = 0, ... Np'-1 (Np' is the order of the linear predictive analysis in the second CELP coding circuit 24, 
e.g. "20") corresponding to the sampling frequency of the input signal of the second CELP coding circuit 24. Thereafter, 
a differential LSP of the LSP derived from the linear predictive coefficient obtained by the linear predictive analyzing cir- 

35 cuit 103 and the first quantized LSP is quantized by a known LSP quantization method to derive a quantized differential 
LSP. It should be noted that the sampling frequency conversion of the quantized LSP can be realized by the following 
equation (16), for example. 

f1(i) =0.5xf(i) i=0 Np-1 (16) 

40 

; f1(i) = 0.0 i = Np Np'-I 

Also, the linear predictive coefficient quantizing circuit 155 derives a second quantized LSP by summing the quan- 
tized differential LSP and the first quantized LSP. After converting the second quantized LSP into the quantized linear 
45 predictive coefficient, the quantized linear predictive coefficient is output to the target signal generating circuit 105, the 
adaptive code book retrieving circuit 127 and the multipulse retrieving circuit 128 and an index indicative of the quan- 
tized linear predictive coefficient is output to the output terminal 113. 

Next, discussion will be given with respect to the voice decoding system. The second CELP decoding circuit 25 
decodes the second reproduced signal from the indexes ILd, Llj, ILk and ILa coded in the first CELP coding circuit 14 
50 and the indexes Id, Ij, Ik and la coded in the second CELP coding circuit 24 to output to the switch circuit 19. 

Fig. 1 1 is a block diagram showing a construction of the CELP decoding circuit in the third embodiment of a voice 
coding and decoding system according to the present invention. Referring to Fig. 1 1 , a difference between the second 
CELP decoding circuit 25 and the second CELP decoding circuit 1 7 (see Fig. 3) in the first embodiment of the present 
invention will be discussed hereinafter. In the third embodiment of the present invention, only operation of the linear pre- 
55 dictive coefficient coding circuit 1 57 is differentiated from that in the foregoing first embodiment. Therefore, the following 
disclosure will be concentrated to the operation of the linear predictive coefficient decoding circuit 157. 

In the linear predictive coefficient decoding circuit 157, the quantized LSP f(i), i = 0 Np-1 is decoded from the 

index ILa input via the input terminal 114 to obtain the first quantized LSPf1(i), i = 0 Np'-1. In conjunction therewith, 
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the quantized differential LSP is decoded from the index la input via the input terminal 156 to derive the second quan- 
tized LSP by summing the first quantized LSP and the quantized differential LSP After conversion of the second quan- 
tized LSP into the quantized linear predictive coefficient, the quantized linear predictive coefficient is output to the 
reproduced signal generating circuit 122. 

5 It should be noted that while the shown embodiment has been disclosed in terms of the case of multi-stage coding 

of the pitch, the multipulse signal and the linear predictive coefficient, similar discussion will be applicable even for the 
case where one or two of the pitch, the multipulse signal and the linear predictive coefficient are multi-stage coded. 

As set forth above, according to the present invention, coding efficiency in second and subsequent hierarchies in 
the hierarchical CELP coding can be improved. 

w The reason is that, in the present invention, instead of performing multi-stage coding on the signal, multi-stage cod- 
ing is performed per each coding parameter. 

Although the present invention has been illustrated and described with respect to exemplary embodiment thereof, 
it should be understood by those skilled in the art that the foregoing and various other changes, omissions and additions 
may be made therein and thereto, without departing from the spirit and scope of the present invention. Therefore, the 

is present invention should not be understood as limited to the specific embodiment set out above but to include all pos- 
sible embodiments which can be embodied within a scope encompassed and equivalents thereof with respect to the 
feature set out in the appended claims. 

Claims 

20 

1. A voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling fre- 
quencies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, a mul- 
tipulse signal and a gain obtained by sequentially coding from said input voice signal and the signals obtained by 
said varying sampling frequencies in sequential order to the signal obtained by lower sampling frequency, per every 

25 N hierarchies, comprising: 

coding means of each hierarchy including an adaptive code book retrieving circuit generating a corresponding 
adaptive code book signal by coding a differential pitch with respect to pitches coded and decoded up to (n- 
1)th hierarchy in (n)th hierarchy (n = 2, .... N). 

30 

2. A voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon bit 
rates to be decoded, comprising: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 
35 demultiplexer selecting of decoding means of (n)th hierarchy (n=1 N) among said decoding means depend- 

ing upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th 
hierarchy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from a bit 
stream; and 

an adaptive code book decoding circuit decoding a pitch from an index indicative of the pitch up to (n)th hier- 
40 archy and generating an adaptive code vector signal in said decoding means of (n)th hierarchy (n = 2, .... N). 

3. A voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling fre- 
quencies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, a mul- 
tipulse signal and a gain obtained by sequentially coding from said input voice signal and the signals obtained by 

45 said varying sampling frequencies in sequential order to the signal obtained by lower sampling frequency, per every 
N hierarchies, comprising: 

coding means of each hierarchy including an adaptive code book retrieving circuit generating a corresponding 
adaptive code book signal by coding a differential pitch with respect to pitches coded and decoded up to (n- 
50 1)th hierarchy in (n)th hierarchy (n = 2, .... N); 

a multipulse generating circuit generating a first multipulse signal from n-1 multipulse signals coded and 
decoded up to (n-1)th hierarchy; 

a multipulse retrieving circuit coding a pulse position of the second multipulse signal in (n)th hierarchy among 
pulse position candidates excluding positions of pulses forming said first multipulse signals; and a gain retriev- 
55 ing circuit coding gains of said adaptive code vector signal, said first multipulse signal, said second multipulse 

signal. 

4. A voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon bit 
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rates to be decoded, comprising: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=1 N) among said decoding means depend- 
ing upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th 
hierarchy and indexes of multipulse signal, gain and linear predictive coefficient o1 (n)th hierarchy, from a bit 
stream; and 

an adaptive code book decoding circuit decoding a pitch from an index indicative of the pitch up to (n)th hier- 
archy and generating an adaptive code vector signal in said decoding means of (n)th hierarchy (n = 2 N); 

a multipulse generating circuit generating a first multipulse signal from multipulse signals up to (n-1)th hierar- 
chies and gains; 

a multipulse decoding circuit decoding a second multipulse signal from an index indicative of the multipulse sig- 
nal of the (n)th hierarchy on the basis of pulse position candidates excluding positions of pulses forming said 
first multipulse signal; and 

a gain decoding circuit decoding the gain from the index indicative of the gain of the (n)th hierarchy and gen- 
erating an excitation signal from said adaptive code vector signal, said first multipulse signal, said second mul- 
tipulse signal and the decoded gain. 

A voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling fre- 
quencies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, a mul 
tipulse signal and a gain obtained by sequentially coding from said input voice signal and the signals obtained by 
said varying sampling frequencies in sequential order to the signal obtained by lower sampling frequency, per every 
N hierarchies, comprising: 

coding means of each hierarchy including an adaptive code book retrieving circuit generating a corresponding 
adaptive code book signal by coding a differential pitch with respect to pitches coded and decoded up to (n- 

1)th hierarchy in (n)th hierarchy (n = 2 N) and having n-stage audibility weighted filters; 

a multipulse generating circuit generating a first multipulse signal from n-1 multipulse signals coded and 
decoded up to (n-1)th hierarchy; 

a multipulse retrieving circuit coding a pulse position of the second multipulse signal in (n)th hierarchy among 
pulse position candidates excluding positions of pulses forming said first multipulse signals; and a gain retriev- 
ing circuit coding gains of said adaptive code vector signal, said first multipulse signal, said second multipulse 
signal; 

a linear predictive coefficient converting circuit converting linear predictive coefficients coded and decoded up 
to the (n-1 )th hierarchy into a coefficient on a sampling frequency of the input signal in the (n)th hierarchy; 
a linear predictive residual difference signal generating circuit deriving a linear predictive residual difference 
signal of the input signal from the converted n-1 linear predictive coefficients; 

a linear predictive analyzing circuit deriving a linear predictive coefficient by linear predictive analysis of derived 
linear predictive residual difference signal; 

a linear predictive coefficient quantizing circuit quantizing newly derived linear predictive coefficient; and 
a target signal generating circuit having n-stage audibility weighted filters. 

A voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon bit 
rates to be decoded, comprising: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=1 , N) among said decoding means depend- 
ing upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th 
hierarchy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from a bit 

stream; and 

an adaptive code book decoding circuit decoding a pitch from an index indicative of the pitch up to (n)th hier- 
archy and generating an adaptive code vector signal. 

a multipulse generating circuit generating a first multipulse signal from multipulse signals up to (n-1)th hierar- 
chies and gains; 

a multipulse decoding circuit decoding a second multipulse signal from an index indicative of the multipulse sig- 
nal of the (n)th hierarchy on the basis of pulse position candidates excluding positions of pulses forming said 
first multipulse signal; 

a gain decoding circuit decoding the gain from the index indicative of the gain of the (n)th hierarchy and gen- 
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20 



erating an excitation signal from said adaptive code vector signal, said first multipulse signal, said second mul- 
tipulse signal and the decoded gain; 

a linear predictive coefficient converting circuit converting linear predictive coefficients derived up to the (n-1 )th 
hierarchy into a coefficient on the sampling frequency of the input signal in the (n)th hierarchy; and 
5 a reproduced signal generating circuit for generating a reproduced signal by driving n-stage linear predictive 

synthesizing filters by said excitation signal. 

7 A voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling fre- 
quencies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, a mul- 
w tipulse signal and a gain obtained by sequentially coding from said input voice signal and the signals obtained by 
said varying sampling frequencies in sequential order to the signal obtained by lower sampling frequency, per every 
N hierarchies, comprising: 

a linear predictive coefficient converting circuit converting linear predictive coefficients coded and decoded up 
to the (n-1)th hierarchy into a coefficient on a sampling frequency of the input signal in the (n)th hierarchy, in 
coding means of the (n)th hierarchy (n = 2 N); 

a linear predictive residual difference signal generating circuit deriving a linear predictive residual difference 
signal of the input signal from the converted n-1 linear predictive coefficients; 

a linear predictive analyzing circuit deriving a linear predictive coefficient by linear predictive analysis of derived 
linear predictive residual difference signal; 

a linear predictive coefficient quantizing circuit quantizing newly derived linear predictive coefficient; and a tar- 
get signal generating circuit having n-stage audibility weighted filters; 
an adaptive code book retrieving circuit having n-stage audibility weighted reproduction filters; 
a multipulse generating circuit; 
25 a multipulse retrieving circuit; and 

a target signal generating circuit having n-stage audibility weighted filters. 

8. A voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon bit 
rates to be decoded, comprising: 

30 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=1 N) among said decoding means depend- 
ing upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th 
hierarchy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from a bit 

35 stream; ( / 

a linear predictive coefficient converting circuit converting linear predictive coefficients derived up to the (n-1 )th 
hierarchy into a coefficient on a sampling frequency of the input signal in the (n)th hierarchy; and 
a reproduced signal generating circuit generating a reproduced signal by driving n-stage linear predictive syn- 
thesizing filters by said excitation signal. 

40 

9. A voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling fre- 
quencies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, a mul- 
tipulse signal and a gain obtained by sequentially coding from said input voice signal and the signals obtained by 
said varying sampling frequencies in sequential order to the signal obtained by lower sampling frequency, per every 

45 N hierarchies, comprising: 

a multipulse generating circuit generating a first multipulse signal from n-1 multipulse signals coded and decoded 
up to the (n-1)th hierarchy in the (n)th hierarchy (n = 2 N) of coding means; and 

a multipulse retrieving circuit coding a pulse position of a second multipulse signal in the (n)th hierarchy among 
so pulse position candidates excluding positions of pulses forming said first multipulse signal. 

10. A voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon bit 
rates to be decoded, comprising: 

55 decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n-1 N) among said decoding means depend- 
ing upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th 
hierarchy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from a bit 
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stream; 

a multipulse generating circuit generating afirst multipulse signal from the index indicative of up to the n-1 mul- 
tipulse signals; and 

a multipulse decoding circuit decoding a second multipulse signal from the index indicative of the (n)th hierar- 
chy of multipulse signal on the basis of pulse position candidates excluding the positions of the pulses forming 
said first multipulse signal. 

11. A voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling fre- 
quencies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, a mul- 
tipulse signal and a gain obtained by sequentially coding from said input voice signal and the signals obtained by 
said varying sampling frequencies in sequential order to the signal obtained by lower sampling frequency, per every 
N hierarchies, comprising: 

coding means of each hierarchy including an adaptive code book retrieving circuit generating a corresponding 
adaptive code book signal by coding a differential pitch with respect to pitches coded and decoded up to (n- 
1)th hierarchy in (n)th hierarchy (n = 2, .... N); 

a multipulse generating circuit generating a first multipulse signal from n-1 multipulse signals coded and 
decoded up to (n-1 )th hierarchy; 

a multipulse retrieving circuit coding a pulse position of the second multipulse signal in (n)th hierarchy among 
pulse position candidates excluding positions of pulses forming said first multipulse signals; 
a gain retrieving circuit coding gains of said adaptive code vector signal, said first multipulse signal, said sec- 
ond multipulse signal; and 

a linear predictive quantizing circuit coding a difference between linear predictive coefficient coded and 
decoded up to (n-1)th hierarchy and linear predictive coefficient newly obtained by analysis at the (n)th hierar- 
chy. 

12. A voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon bit 
rates to be decoded, comprising: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=l N) among said decoding means depend- 
ing upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th 
hierarchy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from a bit 
stream; and 

an adaptive code book decoding circuit decoding a pitch from an index indicative of the pitch of (n)th hierarchy 
and generating an adaptive code vector signal; 

a multipulse generating circuit generating afirst multipulse signal from the index indicative of multipulse signals 
up to (n-1)th hierarchies and gains; 

a multipulse decoding circuit decoding a second multipulse signal from an index indicative of the multipulse sig- 
nal of the (n)th hierarchy on the basis of pulse position candidates excluding positions of pulses forming said 
first multipulse signal; 

a gain decoding circuit decoding the gain from the index indicative of the gain of the (n)th hierarchy and gen- 
erating an excitation signal from said adaptive code vector signal, said first multipulse signal, said second mul- 
tipulse signal and the decoded gain; and 

a linear predictive coefficient decoding circuit decoding a linear predictive coefficient from an index indicative 
of linear predictive coefficients up to the (n)th hierarchy. 

13. A voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling fre- 
quencies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, a mul- 
tipulse signal and a gain obtained by sequentially coding from said input voice signal and the signals obtained by 
said varying sampling frequencies in sequential order to the signal obtained by lower sampling frequency, per every 
N hierarchies, comprising: 

a linear predictive quantization circuit for coding a difference between linear predictive coefficient coded and 
decoded up to (n-l)th hierarchy and a linear predictive coefficient newly obtained by analysis in coding of the 
(n)th hierarchy, in the (n)th hierarchy (n = 2 N). 

14. A voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon bit 
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rates to be decoded, comprising: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=1 N) among said decoding means depend- 

5 ing upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th 

hierarchy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from a bit 
stream; and 

a linear predictive coefficient decoding circuit decoding linear predictive coefficient from index indicative of lin- 
ear predictive coefficient up to the (n)th hierarchy. 

w 

15. A voice coding and decoding system comprising: 

a voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling fre- 
quencies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, 

15 a multipulse signal and a gain obtained by sequentially coding from said input voice signal and the signals 

obtained by said varying sampling frequencies in sequential order to the signal obtained by lower sampling fre- 
quency, per every N hierarchies for generating a bit stream, said voice coding system including coding means 
of each hierarchy including an adaptive code book retrieving circuit generating a corresponding adaptive code 
book signal by coding a differential pitch with respect to pitches coded and decoded up to (n-1)th hierarchy in 

20 (n)th hierarchy (n = 2, .... N); and 

a voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon 
bit rates to be decoded, including decoding means, each corresponding to each of N kinds of decodable bit 
rates, demultiplexer selecting of decoding means of (n)th hierarchy (n=1, .... N) among said decoding means 
depending upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches 

25 up to (n)th hierarchy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy. 

from said bit stream generated by said voice coding system, and an adaptive code book decoding circuit 
decoding a pitch from an index indicative of the pitch up to (n)th hierarchy and generating an adaptive code 
vector signalin said decoding means of (n)th hierarchy (n = 2 N). 

30 16. A voice coding and decoding system comprising: 

a voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling fre- 
quencies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, 
a multipulse signal and a gain obtained by sequentially coding from said input voice signal and the signals 
35 obtained by said varying sampling frequencies in sequential order to the signal obtained by lower sampling fre- 

quency, per every N hierarchies for generating a bit stream, including: 

coding means of each hierarchy including an adaptive code book retrieving circuit generating a corresponding 
adaptive code book signal by coding a differential pitch with respect to pitches coded and decoded up to (n- 
1 )th hierarchy in (n)th hierarchy (n = 2 N); 

40 a multipulse generating circuit generating a first multipulse signal from n-1 multipulse signals coded and 

decoded up to (n-l)th hierarchy; a multipulse retrieving circuit coding a pulse position of the second multipulse 
signal in (n)th hierarchy among pulse position candidates excluding positions of pulses forming said first mul- 
tipulse signals; a gain retrieving circuit coding gains of said adaptive code vector signal, said first multipulse 
signal, said second multipulse signal; and 

45 a voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon 

bit rates to be decoded, including 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=1 N) among said decoding means depend- 
ing upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th 
50 hierarchy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from said bit 
stream output by said voice coding system; an adaptive code book decoding circuit decoding a pitch from an 
index indicative of the pitch up to (n)th hierarchy and generating an adaptive code vector signal in said decod- 
ing means of (n)th hierarchy (n = 2. .... N); 

a multipulse generating circuit generating a first multipulse signal from multipulse signals up to (n-i)th hierar- 
55 chies and gains: 

a multipulse decoding circuit decoding a second multipulse signal from an index indicative of the multipulse sig- 
nal of the (n)th hierarchy on the basis of pulse position candidates excluding positions of pulses forming said 
first multipulse signal; and 
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a gain decoding circuit decoding the gain from the index indicative of the gain of the (n)th hierarchy and gen- 
erating an excitation signal from said adaptive code vector signal, said first multipulse signal, said second mul- 
tipulse signal and the decoded gain. 

17. A voice coding and decoding system comprising: 

a voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling fre- 
quencies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, 
a multipulse signal and a gain obtained by sequentially coding from said input voice signal for generating a bit 
stream and the signals obtained by said varying sampling frequencies in sequential order to the signal 
obtained by lower sampling frequency, per every N hierarchies for generating a bit stream, including: 
coding means of each hierarchy including an adaptive code book retrieving circuit generating a corresponding 
adaptive code book signal by coding a differential pitch with respect to pitches coded and decoded up to (n- 

1)th hierarchy in (n)th hierarchy (n = 2 N) and having n-stage audibility weighted filters; 

a multipulse generating circuit generating a first multipulse signal from n-1 multipulse signals coded and 
decoded up to (n-1)th hierarchy; 

a multipulse retrieving circuit coding a pulse position of the second multipulse signal in (n)th hierarchy among 
pulse position candidates excluding positions of pulses forming said first multipulse signals; and 
a gain retrieving circuit coding gains of said adaptive code vector signal, said first multipulse signal, said sec- 
ond multipulse signal; 

a linear predictive coefficient converting circuit converting linear predictive coefficients coded and decoded up 
to the (n-1 )th hierarchy into a coefficient on a sampling frequency of the input signal in the (n)th hierarchy; 
a linear predictive residual difference signal generating circuit deriving a linear predictive residual difference 
signal of the input signal from the converted n-1 linear predictive coefficients; 

a linear predictive analyzing circuit deriving a linear predictive coefficient by linear predictive analysis of derived 
linear predictive residual difference signal; 

a linear predictive coefficient quantizing circuit quantizing newly derived linear predictive coefficient; and 
a target signal generating circuit having n-stage audibility weighted filters; and 

a voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon 
bit rates to be decoded, including: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy among said decoding means depending upon a 
control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th hierarchy 
and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from a bit stream; and 
an adaptive code book decoding circuit decoding a pitch from an index indicative of the pitch up to (n)th hier- 
archy and generating an adaptive code vector signal in said decoding means of (n)th hierarchy (n = 2 N); 

a multipulse generating circuit generating a first multipulse signal from multipulse signals up to (n-1)th hierar- 
chies and gains; 

a multipulse decoding circuit decoding a second multipulse signal from an index indicative of the multipulse sig- 
nal of the (n)th hierarchy on the basis of pulse position candidates excluding positions of pulses forming said 
first multipulse signal; 

a gain decoding circuit decoding the gain from the index indicative of the gain of the (n)th hierarchy and gen- 
erating an excitation signal from said adaptive code vector signal, said first multipulse signal, said second mul- 
tipulse signal and the decoded gain; 

a linear predictive coefficient converting circuit converting linear predictive coefficients derived up to the (n-1 )th 
hierarchy into a coefficient on the sampling frequency of the input signal in the (n)th hierarchy; and 
a reproduced signal generating circuit for generating a reproduced signal by driving n-stage linear predictive 
synthesizing filter by said excitation signal. 

18. A voice coding and decoding system comprising: 

a voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling fre- 
quencies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, 
a multipulse signal and a gain obtained by sequentially coding from said input voice signal and the signals 
obtained by said varying sampling frequencies in sequential order to the signal obtained by lower sampling fre- 
quency, per every N hierarchies for generating a bit stream, including: 

a linear predictive coefficient converting circuit converting linear predictive coefficients coded and decoded up 
to the (n-l)th hierarchy into a coefficient on a sampling frequency of the input signal in the (n)th hierarchy, in 



29 



0890943A2 I 



EP 0 890 943 A2 



coding means of the (n)th hierarchy (n = 2, .... N); 

a linear predictive residual difference signal generating circuit deriving a linear predictive residual difference 
signal of the input signal from the converted n-1 linear predictive coefficients; 

a linear predictive analyzing circuit deriving a linear predictive coefficient by linear predictive analysis of derived 
linear predictive residual difference signal; 

a linear predictive coefficient quantizing circuit quantizing newly derived linear predictive coefficient; and 

a target signal generating circuit having n-stage audibility weighted filters; 

an adaptive code book retrieving circuit having n-stage audibility weighted reproduction filter; 

a multipulse generating circuit; 

a multipulse retrieving circuit; and 

a target signal generating circuit having n-stage audibility weighted filters; and 

a voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon 
bit rates to be decoded, including: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=1 N) among said decoding means depend- 
ing upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th 
hierarchy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from said bit 
stream generated by said voice coding system; 

a linear predictive coefficient converting circuit converting linear predictive coefficients derived up to the (n-1)th 
hierarchy into a coefficient on a sampling frequency of the input signal in the (n)th hierarchy; and 
a reproduced signal generating circuit generating a reproduced signal by driving n-stage linear predictive syn- 
thesizing filters by said excitation signal. 

19. A voice coding and decoding system comprising: 

a voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling fre- 
quencies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, 
a multipulse signal and a gain obtained by sequentially coding from said input voice signal and the signals 
obtained by said varying sampling frequencies in sequential order to the signal obtained by lower sampling fre- 
quency, per every N hierarchies for generating a bit stream, including: 

a multipulse generating circuit generating a first multipulse signal from n-1 multipulse signal coded and 

decoded up to the (n-1)th hierarchy in the (n)th hierarchy (n = 2 N) of coding means; and 

a multipulse retrieving circuit coding a pulse position of a second multipulse signal in the (n)th hierarchy among 
pulse position candidates excluding positions of pulses forming said first multipulse signal; and 
a voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon 
bit rates to be decoded, including: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n-1 , .... N) among said decoding means depend- 
ing upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th 
hierarchy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from said bit 
stream generated by said voice coding system; 

a multipulse generating circuit generating a first multipulse signal from the index indicative of up to the n-1 mul- 
tipulse signals; and 

a multipulse decoding circuit decoding a second multipulse signal from the index indicative of the (n)th hierar- 
chy of multipulse signal on the basis of pulse position candidates excluding the positions of the pulses forming 
said first multipulse signal. 

20. A voice coding and decoding system comprising: 

a voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling fre- 
quencies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, 
a multipulse signal and a gain obtained by sequentially coding from said input voice signal and the signals 
obtained by said varying sampling frequencies in sequential order to the signal obtained by lower sampling fre- 
quency, per every N hierarchies for generating a bit stream, including: 

coding means of each hierarchy including an adaptive code book retrieving circuit generating a corresponding 
adaptive code book signal by coding a differential pitch with respect to pitches coded and decoded up to (n- 
l)th hierarchy in (n)th hierarchy (n = 2, .... N); 

a multipulse generating circuit generating a first multipulse signal from n-1 multipulse signals coded and 
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decoded up to (n-l)th hierarchy; 

a multipulse retrieving circuit coding a pulse position of the second multipulse signal in (n)th hierarchy among 
pulse position candidates excluding positions of pulses forming said first multipulse signals; 
a gain retrieving circuit coding gains of said adaptive code vector signal, said first multipulse signal, said sec- 
ond multipulse signal; and 

a linear predictive quantizing circuit coding a difference between linear predictive coefficient coded and 
decoded up to (n-1)th hierarchy and linear predictive coefficient newly obtained by analysis at the (n)th hierar- 
chy; and 

a voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon 
bit rates to be decoded, including: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=l , .... N) among said decoding means depend- 
ing upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th 
hierarchy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from said bit 
stream generated by said voice coding system; and an adaptive code book decoding circuit decoding a pitch 
from an index indicative of the pitch of (n)th hierarchy and generating an adaptive code vector signal; 
a multipulse generating circuit generating a first multipulse signal from the index indicant of multipulse signals 
up to (n-1 )th hierarchies and gains; 

a multipulse decoding circuit decoding a second multipulse signal from an index indicative of the multipulse sig- 
nal of the (n)th hierarchy on the basis of pulse position candidates excluding positions of pulses forming said 
first multipulse signal; 

a gain decoding circuit decoding the gain from the index indicative of the gain of the (n)th hierarchy and gen- 
erating an excitation signal from said adaptive code vector signal, said first multipulse signal, said second mul- 
tipulse signal and the decoded gain; and 

a linear predictive coefficient decoding circuit decoding a linear predictive coefficient from an index indicative 
of linear predictive coefficients up to the (n)th hierarchy. 

21 . A voice coding and decoding system comprising: 

a voice coding system hierarchically coding a voice signal by generating N-1 signals with varying sampling fre- 
quencies of the input voice signal and multiplexing indexes indicative of a linear predictive coefficient, a pitch, 
a multipulse signal and a gain obtained by sequentially coding from said input voice signal and the signals 
obtained by said varying sampling frequencies in sequential order to the signal obtained by lower sampling fre- 
quency, per every N hierarchies for generating a bit stream, including: 

a linear predictive quantization circuit for coding a difference between linear predictive coefficient coded and 
decoded up to (n-1)th hierarchy and a linear predictive coefficient newly obtained by analysis in coding of the 
(n)th hierarchy, in the (n)th hierarchy (n = 2 N); and 

a voice decoding system hierarchically varying sampling frequencies of a reproduced signal depending upon 
bit rates to be decoded, including: 

decoding means, each corresponding to each of N kinds of decodable bit rates; 

demultiplexer selecting of decoding means of (n)th hierarchy (n=1, N) among said decoding means depend- 
ing upon a control signal indicative of a decoding bit rate and extracting an index indicative of pitches up to (n)th 
hierarchy and indexes of multipulse signal, gain and linear predictive coefficient of (n)th hierarchy, from said bit 
stream generated by said voice coding system; and 

a linear predictive coefficient decoding circuit decoding linear predictive coefficient from index indicative of lin- 
ear predictive coefficient up to the (n)th hierarchy. 

22. A voice coding and decoding system comprising: 

a down-sampling circuit down-sampling an input signal for outputting as a first input signal; 
first coding means for coding said first input signal; 

second coding means for coding said input signal on the basis of a coding output of said first coding means; 
a multiplexer outputting the coded outputs of said first coding means and said second coding means in a form 
of a bit stream; 

a demultiplexer inputting said bit stream and a control signal, when said control signal is indicative of a first bit 
rate, said coding output of said first coding means being output from said bit stream to a first decoding means, 
and when said control signal is indicative of a second bit rate, a part of the coded output of said first coding 
means and the coded output of said second coding means being extracted from said bit stream for outputting 
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to a second decoding means, said first and second decoding means decoding a reproduced signal depending 
on said control signal for outputting via a switch. 

23 A voice coding and decoding system as set forth in claim 22, wherein said second coding means comprises coding 
means of the second hierarchy in said voice coding system hierarchically coding a voice s.gnal by generating N-1 
signals with varying sampling frequencies of the input voice signal and multiplexing indexes .nd.cative of a linear 
predictive coefficient, a pitch, a multipulse signal and a gain obtained by sequentially coding from said input voice 
signal and the signals obtained by said varying sampling frequencies in sequential order to the signal obtained by 
lower sampling frequency, per every N hierarchies for generating a bit stream, said voice coding system including 
coding means of each hierarchy including an adaptive code book retrieving circuit generating a corresponding 
adaptive code book signal by coding a differential pitch with respect to pitches coded and decoded up to (n-i)th 
hierarchy in (n)th hierarchy (n = 2 N). 

24 A voice coding and decoding system as set forth in claim 22, wherein said second decoding means comprises 
' decoding means of the second hierarchy (n = 2) of a voice decoding system hierarchically varying sampling fre- 
quencies of a reproduced signal depending upon bit rates to be decoded, including decoding means, each corre- 
sponding to each of N kinds of decodable bit rates, demultiplexer selecting of decoding means of (n)th h.erarchy 
(n=l N) among said decoding means depending upon a control signal indicative of a decoding bit rate and 
extracting an index indicative of pitches up to (n)th hierarchy and indexes of multipulse s.gnal. gain and linear pre- 
dictive coefficient of (n)th hierarchy, from said bit stream generated by said voice coding system, and an adaptive 
code book decoding circuit decoding a pitch from an index indicative of the pitch up to (n)th h.erarchy and generat- 
ing an adaptive code vector signal in said decoding means of (n)th hierarchy (n = 2 N). 
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